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W 20 Filed of the Invention 

£3 The present invention relates generally to the field of communication systems, 

f ! More particularly, the present invention related to communication systems with 

multicarrier telephony transport, 

25 Background of the Invention 

Two information services found in households and businesses today include 
television, or video services and telephone services. Another information service 
involves digital data transfer which is most frequently accomplished using a modem 
connected to a telephone service. All further references to telephony herein shall include 

30 both telephone services and digital data transfer services. 

Characteristics of telephony and video signals are different and therefore 
telephony information occupies a relatively narrow band when compared to the bandwith 
for video signals. In addition, telephony signals are low frequency whereas NTSC 
standard video signals are transmitted at carrier frequencies greater than 50 MHz. 

35 Accordingly, telephone transmission networks are relatively narrow band systems which 
operate at audio frequencies and which typically serve the 



custoiner by twisted wire drops from a cu^ Onteofterhand, 
cable television services are broad baiKi ami inc^^ 
mixizig mediods to adueve signals coa^MOibte witfi ccmvendonal very high 
frequency television receivers. Cable television systems or video services art 
typically provided by cable television companies through a shielded cable service 
connection to each individual home or business. 

One attempt to combine telephony and video services into a single network 
is described in U*S. Patent No. 4,977493 to Balance entitled "Opdcal 
Communications Networic" Balance describes a passive optical communicatiops 
network with an optical source located m a central station. The optical source 
transmits time division multiplexed optical signals along an optical fiber and which 
signals are later split by a series of splitters between several individual fibers 
servicing outstations. The network allows for digital speech data to be transmitted 
from tiiie outstations to the catral station via the same optical patL In addition. 
Balance indicates that additional wavelengths could be utilized to add services, such 
as cable television, via digital muhq>lex to the network. 

A 1988 NCTA technical pi^, entitled "Fiber Backbone: A Proposal For an 
Evolutionary Cable TV network Architectore,** by James A. Chiddix and David M. 
Pangrac, describes a hybrid optical fiber/coaxial cable television (CATV) system 
architecture. The ardutecture builds i^n existing coaxial CATV networics. The 
architecture includes the use of a direct opdcal fiber path from a head end to a 
number of feed points in an already existir^ CATV distribudon system. 

U.S. Patent No. 5,153.763 to Pidgeon, entitled "CATV Distribution 
Netwc»ks Using Light Wave Transmission Lines,** describes a CATV network for 
disuibution of broad band, multichannel CATV signals from a head end to a 
plurality of subscribers. Electrical to optical transmitters at the head end and optical 
to electrical receivers at a fiber node launch and receive optical signals 
corresponding to broad band CATV electrical signals. Distribution from the fiber 
node is obtained by transmitting electrical signals along coaxial cable transmission 



lines. The system reduces distortioD of the transmitted broad band CATV signals by 
block cMvemon of all or part of the broad band of CATV signals to a frequency 
range vliich is less than an octave. Related US. Patent No. 5^62,S83 to Pidgeon, 
entitled "CATV Distribution Networics Using Lij^t Wave Transmission Lines^" 
further describes the distortion reducing system. 

Although the above*mentioned networks describe various concqKs for 
transmitting broad band video signals over various architectures, which may 
include hybrid optical fiber/coax architectures, none of these references describe a 
cost efifecdve, fiexiUe, communications system for telephony communications. 
Several problems are inherent in such a communication system. 

One such problem is tl^ need to optimize the bandwidth used for 
transporting data so that the bandwidth used does not exceed ^ allotted bandwidth. 
Bandwidth requirements are particuiariy critical in multi^point to point 
communication where multiple transmitters at remote units must be accommodated 
such that allotted bandwidth is not exceeded 

A second problem involves power consumption of the system. The 
conunxmication system should minimire the power used at the remote units for the 
transport of data, as the equipment utilized at the remote uoits for transmission and 
reception may be sullied by power distributed over the transmission medium of 
the system. 

Another problem arises from a £siult in the system preventing communication 
between a bead end and multiple remote units of a multi-point to point system. For 
example, a cut transmission line from a head end to many remote units may leave 
many users wid»out service. After the fault is corrected, it is important bring as 
many remote units bade into service as quickly as possible. 

Data integrity must also be addressed. Both internal and external 
interference can degrade the communication. Internal interference exists between 
data signals being transported over the system. That is, transported data signals 
over a common communication link may experience interference therebetween. 



dectttting the integrity of the datt. Ingress fiomextemai sources can also effixttbe 
integrity of data transmissions. A telephony communication networic is susceptible 
10 **noise'* generated by external sources, such as HAM radio. Because such noise 
can be interroittent and vary in intensity, a method of transporting dau over the 
system should correct or avoid the presence of such ingress. 

Tliese problems arul others as will become ai^>arent firom the description to 
follow, present a need for an enhanced communication system. Moreover, once the 
enhanced system is described, a number of practical problems in its physical 
realization are presented and overcome. 

Another embodiment provides a method and ^^)aratus for a hsx Fourier 
transform. This invention relates to the field of electronic communication systems, 
and more specifically to an improved method and apparatus for providing a fiut 
Fourier transform C*FFP)- 

There are many advanced digital signal«processixsg applications requiring 
analysis of large quantities of data in short time periods, especially where there is 
interest in providing "real time" results. Such applications include signal processing 
in znoderns which use OFDM (orthogonal fiequency division mdtipiexing). In 
order to be useful in these and other applications. Discrete Fourier Transform (DFT) 
or Fast Fourier Transform (FFT) ngnal processors must accosunodate large 
numbers of transforms, or amounts of data, in very short processing times, often 
called high data tfarougt^nit 

In addition to the speed and data*throughpm requirements, power 
consuE^ytion is a major concern for many ^^piications. In some signal-processing 
ai^lications, power is si;pplied by portable generation or storage equipment, such as 
batteries, where the ultimate power available is limited by many environment In 
such 4)plications, processor power consumption must be as low as possible. One 
useful measure of utility or merit for FFT processors is the energy dissipation per 
transform point Ultimately, one key problem with any FFT processor b the amount 
of power consumed per transform. Generally, high-performance, efficient FFT 



processors exhibit eoetgy dissipations per tt^^ 

times log2NnaiK>joules,>(4}ereN is the numb^ Asa 
consequence, reasonably large transforms required to process large arrays of data, 
result in large power consumption. 

Machine-implemented computation of an FFT is often simplified by 
cascading together a series of simple multiply*and*add stMges. When a recursive 
process is used, data circulates trough a single stage and Ac conqputational 
structure of the stage is made variable for each circulation. Each circulation through 
the stage is referred to as a **pass". 

A plurality of computational elements, each known as a radix-r butterfly, 
may be assembled to define a single stage for carrying out a particular pass. A 
radix*r butterfly receives r input signals and produces a corresponding number of r 
output signals, where each output signal is the weighted sum of the r input signals. 
The radix number, r, in essence, defines the number of input components which 
contribute to each ou^ut component 

By way of example, a Fadix-2 butterfly receives two ii^nit signals and 
produces two output signals. Each output signal is the weighted sum of the two 
input signals. A radix*4 butterfly receives four input signals and produces four 
corre^nding output signals. Each output signal of the Fadix-4 butterfly constitutes 
a weighted sum of the four ii^ut signals. 

Con^Ietion of an N*point Fast Fourier Transform (FFT) requires that the 
product of the butterfly radix values, taken over the total number of stages or passes, 
equals die total point count, N. Thus, a 64-point FFT can be performed by one 
radix*^ butterfly, or three cascaded stages where each stage has sixteen radix-4 
butterflies (the prodtM of die radix values for stage*l and sttige«2 and stage*3 is 4 x 
4 X 4 « 64), or six cascaded stages where each of the six stages comprises 32 radix-2 
butterflies (the product of the radix values for stage*! through stage-6 is 2 x 2 x 2 x 
2x2x2»64). 

A multi-sti^e or multi-pass FFT process can be correctly carried out under 



conditions wbere the number of butterfly elements changes fiom one pass (or stage) 
to tbe next and the radix value, r, of the bunerfly elements also changes from one 
pass (or stage) to the next Ap^)erbyGordonDeMutfa,*ALOORnHMSFOR 
DEFINING MKED RADIX FFT FLOW GRAPHS", IEEE Transactions on 
Acoustics, Speech, and Signal Processing, Vol 37, No. 9, September 1989, Pages 
1349*1 358, describes a generalized method for performing an FFT with a 
mixed^radix system. A mixed-radix system is one where tbe radix value, r, in one 
stage or pass is different from that of at least one other stage ck^ pass. 

An advantage of a mixed-radix computing system is that it can be "tuned" to 
optin:uze the signal«to*noise ratio of the transform (or more correctly speaking, to 
mimmire the accumulated round-off error of the total transform) for each particular 
set of circumstances. By way of example, it is advantageous in one enviromnent to 
perform a S I2-point FFT using the mixed-radix sequence: 4, 4, 4, 4, 2« In a 
different environment, it may be more advantageous to use the mixed-radix 
sequence: 4, 2, 4, 4« 4. Round-off error varies within a machine of finite precision 
as a function of radix value and Ae peak signal magnitudes that develop in each 
stage or pass. 

In addition, it may be advantageous to scale intermediate results between 
each stage or pass, in order to minimize round«off errors and the problem of 
overflow. Further, it may be advantageous to vary the amount of scaling performed 
between each pass, e.g., either to scale by 1 /4 between each radix-4 stage or to scale 
by 1/2 for some stages and 1/8 for otter stages. 

Heretofore, FFT processors generally fetched data values from their workii^ 
storage in a serial manner, thus limiting the speed which could be obtained Further, 
current FFT processors g^erally were limited in speed by loading the working 
storage with input values, then processing the data in the woricing storage, then 
unloading the result valt^s. 

There are many advanced digital signal-processing applications requiring 
analysis of large quantities of data in short time periods, especially where there is 



interest in praviding "real time** results. Such applications include signal processing 
in modems whicb use OFDM (orthogonal frequency division multipiexii^). 

One iieed in the ait is for an accurate analog*to*dsgital conversion (AZX:) at 
moderate frequencies having limited bandwidiL Onetedmologyknownintheartts 
the ^igma^Delta** ADC which provides very good resolution (high number of bits 
in the digital result), but only for signals whose convened signal bandwidth is low. 

Another need is for an ADC which provides bandwidtb^limited distal I and 
Q signals (representing amplitude and quadrature) for a 200 kHz bandwidth received 
analog modem signal, wherein ^ digital result has very high resolution and 
accuracy. 

What is needed is a method and af>paratus which addresses the above 
problems in the art 

SummaTf^ of the Invention 
The present invention describes a muiti*point to point communication 
system including multicarricr telephony transport The multi^int to point 
communication system includes a hybrid fiber/coax distribudcm network. A head 
end terminal provides for downstream transmission of downstream control data and 
downstream telephony information in a first frequency bandi^dth over the hybrid 
fiber/coax distiibudon netwc^ and reception of iq>stream telei^xmy information 
and upstream control data in a second frequency bandwidth over the hybrid 
fiber/coax distribution network. The head end terminal includes a head end 
midticatrier modem for modulating at least downstream telephony information on a 
plurality of orthogonal carriers in the first frequency bandwidth and demodulating at 
least t^)stream telephony information modulated on a plurality of orthogonal carriers 
in the second frequency bandwidth. The head end terminal fiirther includes a head 
end controller operativeiy connected to the head end multicarrier modem for 
controlling transmission of the downstream telephony information and downstream 
control data and for controlling receipt of the upstream control data and i^stream 
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telqdiODy iafonnatioa The system fiartber includes at least one sem 
service unit associated with at least one remote unit and opemdvely connected to the 
hybrid fiber/coax distribution network for upstream transmission of i^stream 
telephony information and i^stream control dau in ttie second frequency bandwidth 
and for receipt of the downstream control data and downstream telefdxmy 
information in the first frequency bandwidth. Each service unit includes a service 
unit multicarrier modem for modulating at least the iqMtream telqdxmy information 
on at least one carrier orthogonal at the bead end to at least one other carrier in the 
second frequency bandwidth and for demodulating at least the downstream 
telephony information modulated on at least a band of a plurality of orthogorud 
carriers in the first fi^uency bandwidth. Each service unit also iiK:iudes a service 
unit coDtroUer operatively connected to the service unit multicairier modem for 
controlling the modulation of and demodulation perforaied by the service unit 
midticarrier modem. 

Another embodiment prevents untoward spectral effects id the multicarrier 
signal from variations in channel activity and from highly repetitive data patterns in 
the payload channels. Data is the payload channels can be scrambied with 
pseudorandom sequences, and different sequences can be applied to different 
chamois in order to produce a more balanced multicairier spectrum. 

In another embodiment, the plurality of orthogonal carriers in the fiirst 
frequency bandwidth include at least one control channel for transmission of 
downstream control data and a plurality of telephony information chaimels for 
transmission of downstream telephony informadon. Further, the plurality of 
orthogonal carriers in the second fi^uency bandwidth include at least one control 
channel for transmission of v^>stream control data and a plurality of telephony 
information channels for transmission of upstream telephony irxformation. 

In other embodiments, a plurality of conUol channels are interspersed among 
the telephony information channels in the first fi:equency bandwidth and a plurality 
of control channels are interspersed among the telephony channels of the second 



fitquency baadwidtiL Tbe telef^ny channels xnay be divided mto subbaiu^ 
having multiplerdasa or payload channels and a control channel; this allows the 
remote modems to be realized as less e9q)ensive. and/or better performing narrow- 
band modetns. 

Hie clock signals for generating the carriers and the symbob representing 
the tnmsmitted data may be lodced to each other or generated from the same source, 
to reduce intersymbol interference significantly. 

Another technique forieducing intersymbol imerfatnce is the transmission 
of each symbol wi A more tfuud 260 * of phase in one cycle of its caxrier* in order to 
allow some leeway in tiaddng the pbMst of a channel carrier in a receiving modem. 

Some ^jplications demand more or different error detection and correction 
capability ftan others. An embodiment is shown which handles both unencoded 
parity*type detection/correction and more multiple types of more powtrfid methods, 
si^ as Reed-Solomon encoding, in a transparent, real-time fitshion, by packing the 
data words ^fferently for each case. Moreover, the processor loading involved in 
these error-correctira techniques can be qjread out in time, so that not all channels 
need to be handled at ^ same time. This is accomplished by staggering the 
beginning times of different data messages. 

In another embodiment, ^ at least one service unit includes a sendee 
modem for upstream txansnussion of iq>stieam telephony information and upstream 
control data within a channel band of the second frequency bandwidth 
corresponding to ont of the channel bands of the first frx^qutency bandwidth in which 
the service modem receives downstream telephony information and downstream 
control information. Alternatively, the at least one service unit includes a 
multi-service modem for upstream transmission of upstream telephony information 
and upstream control data within a plurality of channel bands of the second 
frequency bandwidth corresponding to a plurality of the channel bands of the first 
fi^uency bandwidth in which the multi-service modem receives downstream 
telephony information and downstream control information. 
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In sdll another embodmeot, the plurality of control channels of the first 
frequency bandwidth and the plurality of control channels of the second frequency 
bandwidth each include at least one synchnmization channel 

In other embodiments, different modulation techniques are utilized for 
different carriers. For exaiDpie, different moduktion techniques are utilized for 
different telephony channels. As another example^ the aforementioned IOC 
channels may be modulated as differential binary phase-shift keyed (BPSK) signals, 
while the payload data channels are modulated as 5«bit quadranjre amplitude 
modulated (QAM32) signals, in order to enhance the use of IOC channels for 
subband trackings and for other purposes. The constellationilefining the modulated 
signals can be constructed to achieve a minimal number of bit enors for small errors 
in amplitude or phBsc of the received signal; broadly, the constellation points are 
m^>ped to bit combinatioos in a scheme analogous to a Gray code. 

A communication system w^ch addresses the problems inherent in the 
system, in particular, ingress problems is also described The communication system 
includes a distribution network between a head end tenninal and at least one remote 
unit The head end terminal receives )q)Stream telq>hony infonnation and 119^^ 
control data in a frequency bandwidth over ^distribudcm network. The head end 
terminal includes a head end multicarrier demodulator for demodulating at least 
upstream telcqihony inf(»mation modulated on a plurality of orthogonal carriers in 
the freqi^ncy bandwidth. The demodulator includes at least one polyphase filter for 
filtering die at least upstream telephony information modulated on the plurality of 
orthogonal earners to provide ii^;ress protection for the modulated orthogonal 
carriers. The head ei»i tenninal also inciwies a head end controller operatively 
connected to &e head end multicarrier demodulator for controlling receipt of the 
upstream control data and i^)stream telephony infotmatiotk The system further 
includes at least one service unit modulator, each service utiit modulator associated 
with at least one remote unit and operatively connected to the distribution network 
for modulating at least upsu:eam telephony information on at least one carrier 
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oitiiogooal at the bead end tennizul to it least o 

bandwidth. The system also includes a service tmit controller operatively connected 
to the service unit multicamer modulator for controlling the modulation performed 
by the service unit multicanier nKHhdator. 

In another embodiment, pluxiiity of ordK>gonal carriers in the fitquency 
bandwidth include a plurality of telephony information chaimels for traxttmission of 
upstream telephony information after modulation of telephony information dsereon 
and at least one control channel associated with d)e plurality of telq)hony channels 
for transmission of i^)Stream control dau thereon. Here also, ibt IOC may be placed 
in the midpoint of the subbands. 

In another embodiment, the at least om polyj^use filter includes a first and 
second polyphase filter. Tlie first polyphase filter fihers a first plurality of channel 
sets and passes a first plurality of at least telephony channels within each chaimel set 
of the first plurality of channel sets. Hie second polyphase filter filters a second 
plurality of channel sets and passes a second plurality of at least telephony channels 
wi&ineadichaxmel set ofthe second plurality of channel sets. The first and second 
polyphase fito are ofiEset from one another such diat all at least telephony channels 
ofthe first and seccrndphoalityofchannel sets are passed. In another embodiment, 
the polyphase filters include at least two overlai^ing polyphase filters. 

In another alternate embodiment, the demodulator includes a tunable notch 
filter for filtering the at least upstream telephony information modulated on a 
plurality of orthogonal carriers to prevent passage of corrupted modulated 
orttiogonal carriers. 

In addition, a method of polyphase filtering in a communication system is 
also described. The method includes receiving a plurality of orthogonal carriers 
having modulated telephony information thereon. The plurality of orthogonal 
carriers include a first and second plurality of noncontiguous channel sets. The first 
plurality of noncontiguous channel sets are filtered and a first plurality of channels 
of each channel set of the first plurality of noncontiguous channel sets are passed. 
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The secoad pimiity of noocoadguous cfaazuiel sets are fil tered and a second 
plurality of channels of each channel set of the second plurality of noncontiguous 
channel sets are also passed. The second plurality of channels passed include 
channels of the first plurality of noncontiguous channel sets not passed vdien 
filtering the first plurality of iK>ncontiguous channel sets, 

A receiver apparatts is also described v/bich receives a fiequency bandwidth 
having a plurality of modulated orthogonal carriers. At least cm polyphase filter 
provides ingress protection for the fiequency bandwidth by filtering a plurality of 
channel sets of die modulated orthogonal carriers. 

The use of channel monitoring to address some of dse problems inherent in a 
multi^int to point communication system, in particular, with respect to ingress, is 
also described. The monitoring method of the present invention monitors a 
telephony communication n*bit channel herein one of the bits is a parity bit The 
parity bit of the n-bit channel is sampled and a probable bit error rate is derived from 
the sampling of the parity bit 

In one embodiment, the probable bit error rate over a time period is 
compared to a predetermined bit error rate value representing a minimum bit error 
rate to determine if the n-bit channel is corrupted. A conupted channel can then 
either be reallocated or, in another embodiment the transmission power of the 
channel can be increased to overcome the corruption. 

In an alternate method embodiment the method comprises the steps of 
sampling the parity bit of the n*bit channel over a first time period, deriving a 
probable bit error rate from the sampling of the parity bit over the first time period, 
comparing the probable bit error rate over the first time period to a pre-determined 
bit error rate value to determine if the n-bit channel is corrupted, and accumulating a 
probable bit error rate over a plurality of successive time periods if the n«bit channel 
is not corrupted. 

In another alternate method embodiment the method comprises the steps of 
samplii^ the parity bit of the n-bit channel and deriving a probable bit error rate 
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fifom^ sampling of tfie parity bit over a fimtiiMpm The probable bit error 
rate over Ae first time period is coiiq>ared to a first predetennined bit error rate 
value to detennine if the ihbit chamiei is comq»ted. A probabie bit error xate from 
the sampling of the parity bit over a second time period is derived. The second time 
period is longer than tbe first time period and runs cracwtndy ttie^^ 
probable bit error rate over the second time period is coaq>ared to a second 
predetermined bit error rate value to determine if die n4rit channel is com^yted. 

In yet another alternate embodiment, a method for monitoring at least one 
telephony communication channel includes equalizing a signal on the channel and 
monitoring the equalization of the sigtuJ to produce a probabie bit error rate as a 
function of the equalization. 

In still yet another alternate embodiment, a method for monitoring at least 
one unallocated telephony communication channel includes periodically monitoring 
the ax least one unallocated telcf^ny communication channel. Error data for the at 
least one unallocated telephony communication channel accumulated and the at least 
one unallocated telephony communication channel is allocated based on the error 
data. 

A multi-point to point communication system utilizing a distributed loop 
method is also described The communication system in accordance with the 
present invention includes a distribution network and a head end terminal for 
downstream transmission of downstream control data and downstream telephony 
information in a fiiTst frequency bandwidth over tte distribution networic. Tbehead 
end terminal receives upstream telephony information and tq>stream control data in 
a second frequency bandwidth over the distribution network. Hie head end tenninal 
further includes a h^ end muiticarrier modem for modulating at least downstream 
telephony information on a plurality of orthogoiud carriers in the first fireqi^ncy 
bandwidth and demodulating at least upstream telephony information modulated on 
a plurality of orthogoruU carriers in the second frequency bandwidth. A head end 
controller is operati vely connected to the head end muiticarrier modem for 
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controUisg tnnsmissioa of the downstream telepbooy tnfonxsalioo tnd dowsstxeam 
control data and for controUing receipt of the upstream control data and t^Mtream 
telephony information. Hie system includes a plurality of service units. Each 
service unit is associated wi& at least one remote unit and operatively connected to 
the distribution networic for upstream transmission of i^Mtream telephony 
information and iQ>stream control data in ttie second frequency bandwidth and for 
receipt of the downstream control data and downstream telephony information in the 
first frequency bandwidth. Each service unit includes a service unit multicarrier 
modem for modulating at least the v^stream telephony tnformatioo on at least one 
carrier orthogonal to at least one other cairier in the second frequency bandwidth 
and for demodulating at least the downstream telepbcmy informatioD modulated on 
at least a band of a plurality of orthogonal carriers in the first frequency bandwidth. 
Each service unit also includes a service unit controller operatively coimected to the 
service unit multicarrier modem for controlling the modulation of and demodulation 
performed by dsie service unit multicarrier modem. Tlie service unit ccmtroUer 
adjusts at least one local transmission cfaaracterisdc in response to an adjusbnent 
command from the head end controller transmitted in the downstream control data 
to the at least one remote unit The head end controller fiirther includes a detector 
for detecting the at least one local transmission characteristic of the service unit 
modem associated with the at least one remote unit and for generating the 
adjustment command as a function of &e detected at least one transmission 
characteristic for transmittal to the sendee unit associated wi& the at least one 
remote unit in the downstream control data. 

Distributed system control is also en4>loyed for acquiring and tracking 
remote service units newly connected to (or activated within) the system. An 
acquisition process makes rough estimates of the frequency, phase, and data-symbol 
timing of the head-end transmitter, calculates the round-trip delay of data to and 
from the head end, and then tracks changes in the frequency, phase, and timing of 
the head end, all with minimal overhead to the transmission of payload data within 
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the system. A ^)edal ooi^vaUd data signal is used to signal the 
pattern for acquisition purposes. Maintaining accurate power balancing or leveling 
among the remote units transmitting tq>stream to the bead end is both necessary and 
difficult in a muItipoint4o*pointmulticarTier system. One embodiment of the 
invention uses bo& an automatic gain control or equalizer at the bead end and a 
transmitter output <^ power control at Ae remote end to achieve &e conflicting 
goals of wide dynamic range and high resolution amplitude control. 

Furtfiennore, communication system having a distribution network between 
a head end and a plurality of remote tmits using a scanning method is described. 
The system includes the transmission, from d)e head end, of a plurality of modulated 
orthogonal carriers having telephony information modulated thereon in a plurality of 
regions of a first frequency bandwidth. Each of die regions has at least one control 
channel associated therewith having control information modulated thereon. A 
scanner at the remote units, scans each of toe plurality of regions in the first 
fr^uency bandwidth and locks onto the at least one control channel associated with 
each of the plurality of regions to detect a unique identifier to determine which 
region of the first frequency bandwidth the remote unit is to tune to and which 
region in a second frequency bandwidth the remote unit is to transmit within. 

in another embodiment, the communication system mcludes a distribution 
network between a head end and a plurality of remote uiuts. The head end includes 
a head end terminal for downstream trartsmission of downstream control data and 
downstream telq^hony information in a first frequency bandwidth over the 
distribution network and for receipt of upstream telephony information and 
i9>stream control data in a second frequency bandwidth over the distribution 
networlL The bead end terminal includes a head end multicarrier inodem for 
modulating at least downstream telephony information on a plurality of orthogonal 
carriers in a plurality of regions of the first frequency bandwidth. The head end 
multicarrier modem also demodulates at least upstream telephony information 
modulated on a plurality of orthogonal carriers of a plurality of regions in the second 
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frequency baodwiddx. The plurality of ortbogotul carriers in each of the regions 
includes a plurality of telepbcmy infonnation channels for transmission of telephony 
information thereon with each of the regions having at least one control channel 
associated thmwitfa for transmission of control data. The head end terminal also 
includes a head end controller operatively connected to the head end multicarrier 
modem for controlling transmission of the downstream telephony information and 
downstream control data and for controlling receipt of the iq)$tream control data and 
upstream telephony informatiotL Thesystemfurtherindudesaplurality of service 
unit modems with each service unit modem associated widi at least <me remote unit 
and operatively connected to the distribution network for t^Mtream transmission of 
upstream telephony information and iqpstream control data in one of the plurality of 
regions of ^ second frequency bandwidth and for receipt of die downstream 
control data and downstream telephony information in one of the plurality of regions 
in the fost frequ^icy bandwidth. Each service unit modem includes a scanner for 
scanning each of the plurality of regions in the first frequency bandwidth and for 
locking onto the at least one control channel in each of the plurality of regions to 
detect a unique identifier for each service unit modem to determine wiuch region of 
the first frequency bandv^dth the service unit modem is to tune to and which region 
in the second frequency bandwidth the service unit modem is to transmit withiiL 

Hiis invention further provides a three*pan RAM structure, the functions of 
which can be permuted between input, conversion, and ou^ut functions. In one 
embodiment, the conversion RAM section is configured to offer four values to be 
accessed simultaneously in order to speed operations. 

In another embodiment, this invention relates to the field of electronic 
communication systems, aiKl more specifically to an improved method and 
apparatus for providing a Sigma^Delta analog-^to«digitaI conversion and decimation 
for a modem. 

According to another aspect of the invention there is provided a data 
delivery system having a head end connected to a plurality of remote subscriben 
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over i oe^rk, the data ofiginating 

wbertm ^ datt is tnnsnuned to the remote su^ 

channels, and at the start of a data t7ansmission*sessiM, one or more channels are 
selectively assigned to carry tiie data between the bead end and the subscriber 
premises with each of the data channels maintaining a substantially constant rate of 
data transf^ between the head end and the destination premise. Tbesystemand 
method further allows that die number of assigned channels assigned to a particular 
subscriber can be changed from one connection to anotiber to accommodate changes 
in overall system loading, but at all times maintaining a minimum number of 
assigned channels so that a niinimum rate of data tnmsfer can be maintained 
between the head end and a subscriber premise. The system also provides 
asymmetrical operation so that the number of data channels assigned in the 
downstream path from the bead end to the subscribers is much greater in number 
than the number of iq>stream data cbazmels. 

According to another aspect of the invention there is provided a 
system of con^>uter data and telephony data transmission over a telecommunications 
networic having a head end connected to a plurality of remote subscribers, the 
computer data originating from general purpose digital computers, and the 
telephony data received from or conveyed to the public telephone network. The 
system comprises transmitting the computer data and telephony data to the remote 
subscribers in a plurality of data charmels, and establishing a computer data or 
teleptony data connection between the head end and a subscriber premise 
independently of one another. Each of the computer data or telephony data 
connections are established by assigning one or more of the data chaimels to carry 
the computer data and one or more of the data chaimels to cany the telephony data 
WI& at least some of the data channels being available to carry either computer data 
or telephony data. The system further allows that the number assigned data 
chaimels can be changed from one coimection to another to the same subscriber so 
that the overall bandwidth of the network can be reallocated. 
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The systm further allows that the dau cfa^ 
Radio Frequency (RF) signaling* and dbat the RF is scnunbied, thereby providing 
data security.' 

According to yet another aspect of tiie invention, the system allows 
that a computer dau received at the bead end can initiate a connection to a remote 
subscriber* wherein the connection comprises the assignment of one or more data 
channels to carry the computer data to the subscriber. 

According to yet another embodiment, tiie system 10 or 500 of ^ present 
invention includes an ATM modulator which can receive ATM data and modulate it 
onto the HFC network. In one preferred embodiment, digital video data is delivered 
over an ATM network, multiplexed and modulated onto ihe HFC in RF digital 
OFDM format on data connections established between the head end and a 
subscriber, as for example described above with respect to system 500. A digital set 
top box receives the digital video, for example m 4.0 Mbps MPEG or equivalent, 
and converts it to video for display on a television. A return path over a telephony 
or data channel allows for interactive digital video. 

In another embodiment, a method for transmitting dau over a 
telecommunication system from a bead end to a service unit is provided. The 
service unit is assigned to subband of a transmission channel of the 
telecommunication system. The subbaiad includes a nun^r of payioad channels 
that transmit dau at a first rate and a control channel that transmits dau at a 
second rate. The second rate is slower than the first rate. The system receives a 
request to txansmit dau to a service unit at the second, slower rate. The system 
further determines whether to transmit the dau at the first, ftster, rate based on 
the size of the dau. When a payioad channel inthe subband is available to 
transmit the dau at the first rate, the system allocates the payioad channel to 
transmit the dau to the service unit over the payioad channel at the first rate. 
When the payioad channels are allocated to service units and at least one of the 
allocated payioad channels is idle, the system allocates the idle payioad channel to 
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trtossait die data to the service unit over the payload chasad at tbt first rate. 
This meAod can be used to download software and transmission protocols as well 
as other data that is not time sensitive. Further, die mediod advantageously 
provides flexibili^ in providing bandwidth for transmission of data in the 
telecoomiunications system. 

te another embodiment, a telecommunications system dynamically allocates 
bandwidth among a plurality of service units. The sjrsiem conqxrises a head end that 
transtnits data over a transmission niedium to the service units. Theheadend 
includes a modem circuit for narrow hand transmission in at least one transmission 
channel. Each transmis^on channel includes a nuniberofsuUwnds having a 
number ofpayload channels and a control channel in each subband. Furd^,a 
control circuit in the head end assigns each service unit to a subband for 
transmission and receipt of data. The control circuit also allocates a payload 
channel to a service unit in response to a request for bandwidth for a service unit 

In another embodiment, the control circuit assigns a number of service units 
to each subbaiKL The control circuit dynamically allocates bandwidth to the service 
uiuts for selective use of the payload channeb in the subband. This increases the 
number of service units that can be coi^led to the system. 

In another embodiment, a method for dynamically allocating bandwidth to a 
service unit in a telecommunications system is provided. The system uses a multi- 
channel transmission scheme with transmission channels that include a number of 
subbands. Each subband further includes a number ofpayload channels. The 
medKxi begins by receiving a request for a payload channel for a service unit that is 
assigned to a first subband. The method selects an available payload channel in the 
first subband and determines if the payload channel is acceptable for providing 
service to the service unit, e.g., acceptable transmission quality. When the payload 
channel is acceptable, the method allocates the payload channel to the service unit. 
When, however, the payload channel is unacceptable, the method selects other 
channels to find an acceptable payload channel 
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In another embodimem, a telecomimmscaiions system implemenu a method 
for allocating paytoad channels for a service that use multiple payload channels to 
communicate with a service unit The system assigns an identifier for each payload 
channel that indicates the relative order of the multiple payload channels for the 
service. Tbe system further monitors the quaHtyofte payload channeb of t^^ 
system. When the quality of one of the multiple payload channels dn^ below a 
threshold, the system allocates a different payload diannel to replace original 
payload channel for the service. Once reallocated, the system uses the identifier for 
the original payload channel so Oiat the proper order for tte allocated payload 
channels is maintained by the service irre^>ective of Ae order that the payload 
channels are received at service unit 

In another embodiment, a telecommunications system provides a method for 
using an iq^stream payload channel to inform ^ head end of errors that occur in 
downstream payload channels. The system^ monitors a downstream transmission 
channel at a service unit for transmission errors. Further, the system generates a 
signal at the service unit that indicates transmission errors in the downstream 
payload channel. The system also transmits the signal to the head end on an 
associated upstream payload channel thus allowing the head end to monitor and 
respond to the performance of the service unit and associated payload channels. 

In another embodiment, a method for controllii^ a plurality of service units 
in a telecommunication system is provided. The method first assigns an identifier to 
each service unit The method fiirther assigns each service unit to a subband of a 
transmission chaimel of a narrow band transmission scheme. In the transmission 
chaimel, each subband includes a control channel for receiving and transmitting 
control signals. The method broadcasts the control signals for the service units over 
the control channels. The method identifies the terminal to use the control signal 
with the identifier. 

In another embodiment, a service unit for use with a communication system 
transmits signals with a ruurow band transmission scheme. The transmission 
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chanoel is divided into a musber of subbands with each subbaod inciuding a number 
of payioad channels and a cooirol channel. The service unit includes a modem that 
is tunable to receive telephony and control signals on a subband of a transmission 
dumnel. The service unit ftober includes a contioUer circuit coaled to 
to receive control signals over the control channel and to determine which control 
signals to use to control the operation of the modem. The service unit also includes 
inter£ELce circuits coupled to the controller for providing signals to a channel unit. 

la another embodiment, a method for controlling power usage at a service 
unit of a telecommunications system is provided. The mediod comprises 
detennining the type of service sq^ported by each line of a service unit When the 
service unit siqyports analog telephony service, the method detennines the book 
status of ail of the lines of the service unit When the lines are on-hook, the method 
powers down the service units to conserve power usage until a request is received to 
use a line of the service unit 

The present invention describes a method of establishing communication 
between a head end and a plurality of remote units in a multi-point to point 
communication system* such as when a fault as described above has left many users 
of the system without service. The method includes transmitting information from 
the head end to the plurality of remote units in a plurality of regions of a first 
frequency band^ridth. Each of the regions has at least one control channel 
associated therewith. The information transmitted includes identification 
infonnation corresponding to eadi of n remote units of the plurality of remote units. 
Such infomiation is periodically transmitted for the n remote units from the head 
end on the at least one control channel of one of the plurality of regions of the first 
frequency bandwidth during a first predetermined time period. Hie identification 
information for each of &e plurality of n remote units is transmitted out of phase 
with respect to the identification infonnation for the other of the n remote units. At 
each of the n remote units, the at least one connx>l channel of each of the plurality of 
regions in &e first frequency bandwidth is scanned to detect identification 
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ixiformftdoQ correspoDdicg to each of the n remote units to identify a particular 
region of the plurality of regions that each of the n remote units is to use for 
receiving information from the head end. 

In one embodiment* a region is identified in a second frequency bandwidth 
in which eadioftben remote units is to transQist within. The n^od further 
includes serially performing synchronization for each of die n remote units for 
communication wi& the head end, during a second predetermined time period after 
the first predetermined time period. 

A fflulti^point to point communication system ha^ng a distribution network 
between a head end and aplurality of remote units foraccoo^lishing the above 
method includes means for transmitting information from the head end to the 
plurality of remote units in a plurality of r^ons of a first frequency bandwidth. 
Each of the regions has at least one control channel associated therewith. The 
transmitting means further periodically transmits identification information 
corresponding to each of a set of n remote units of the plurality of remote tmits on at 
least one control channel of one of the plurality of r^ons of the first frequency 
bandwidth during a first predetermined time period of an identification and 
synchronization time period. The identification information for each of the plurality 
of n remote units is transmitted out of phase with respect to the identification 
information for the other of the n remote units. The system further includes at each 
of the n remote units, means for scanning the at least one control channel of each of 
the plurality of regions in the first frequency bandwidth to detect identification 
information during the first predetermined time period corresponding to each of the 
n remote units to identify a particular region of the plurality of regions that each of 
the n remote units is to use for receiving information from the head end. Further, at 
each of the n remote units, the system includes means for modulating at least 
upstream telephony information on at least one carrier in a second frequency 
bandwidth orthogonal at the head end terminal to at least one other carrier in the 
second frequency bandwidth and for adjusting at least one local transmission 
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characteristic in response to an adjustment conima Means at 

the bead end for detecting the at least one local transmission characteristic of each of 
the n remote units and for generating the adjustment commands as a fimcti on of the 
detected at least one transmission characteristic for transmittal to the nremote units 
to serially perform synchronization for each of the n remote units during a second 
predetermined time period of the identification and synchronization time period is 
also included in tiie system. 

The present invention is a hybrid fiber^coax video and telephony 
communication nctworic v^iiich integrates bi-directi<Mial tclcf^ny and interactive 
video services into one network including optical fiber and coaxial cable distribution 
systems. The present invention utilizes optical fiber as the transmission medium for 
feeding a plurality of optical distribution nodes with video and telejAony 
information from a head end Coaxial cable distribution systems are utilized for 
connection of the distribution nodes to a plurality of remote uniu. The head end 
opticaUy transmits Hit video information downstream to the nodes where it is 
converted to electrical signals for distribution to the remote units. Telephony 
information is also optically transmitted to the nodes in frequency bandwidths 
unused by ti» video information. The downstream telephony and video optical 
signals are converted to electrical telephony and video signals for distribution to the 
plurality of remote units. The iwtworic provides for transmission of upstream 
electrical data signals, for example telephony sigiuds, to the head end by 
transmitting from the remote units upstream electrical data signals to the distribution 
nodes vdsert sudh upstream electrical data signals are converted to upstream optical 
signals for trazssmission to the head end. 

In one embodiment, the head end includes a first distribution terminal 
having at least one optical transmitter for transmitting optical downstream telephony 
signals on at least one optical fiber. In addition, the head end includes a second 
distribution terminal having a separate optical transmitter for transmitting an optical 
downstream video sigrud on an optical fiber line. 



24 

Id aaotber embodiment, the video and telephony signal distribution 
network transmits optical downstream video and telef^ony signals on at least one 
optical fiber &i a first fipequency bandwidth. In this embodiment, a second frequency 
bandwidth is reused for transmission of upstream electrical data signals generated at 
the remote units. The second frequency bandwidth is reused for transmission by 
each remote unit 

In another embodiment of Reinvention, a filter is utilized at service 
units v^ch interface the coaxial distribution systems to user equipment The 
ingress filter allows for passage of downstream video signals to video equipment 
units and blocks downstream telephony signals transmitted in a different frequency 
bandwidth. 



Dttciiption of the Drawings 
Figure 1 shows a block diagram of a communication system in accordance 
with the present invention utilizing a hybrid fiber/coax distribution 
network; 

Figure 2 is an alternate embodiment of the system of Figure 1 ; 

Figure 3 is a detailed block diagram of a host digital tenninal (HDT) with 

associated transmitters and receivers of the system of Figure 1 ; 
Figure 4 is a block diagram of Ac associated transmitters and receivers of 

Figures; 

Figure S is a block diagram of an optical disnibution node of the system of 
Figure 1; 

Figures 6, 7 are embodiments of frequency shifters for use in the optica] 

distribution node of Figure S and the telephony upstream receiver of 
Figure 4, respectively; 

Figure 8 is a general block diagram of an integrated service unit (ISU) such as 
a home integrated service unit (HISU) or a multiple integrated 
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service unit (MISU) of Figure I; 
Figures 9, 10, 11 show data fiame stnictuies and frame signaling utilized in the 
HDT of Figure 3 ; 

Figure 12 is a general block diagram ofa coax master card (CXMC) of a coax 

master unit (CXMU) of Figure 3; 
Figure 13 shows a spectral allocation for a first tranq)ort embodiment for 

telephony transport in the system of Figure 1 ; 
-Figure 14 shows a mapping diagram for QAM modulation; 
Figure 1 5 shows a mapping diagram for BPSK modulation; 
Figure 16 shows a subband diagram for the spectral allocation of Figure 13; 
Figures 1 7« 1 8 show alternative mapping diagrams or constellations for QAM 

modulation; 

Figure 1 9 shows a timing diagram of an identification and synchronization 
process; 

Figure 20 shows a timing diagram of a burst identification aiKi synchronizatioD 
process; 

Figure 21 is a block diagram of a master coax card (MCC) downstream 

transmission architecture of the CXMU for the first transport 

embodiment of the system of Figure I; 
Figure 22 is a block diagram of a coax transport unit (CXTU) downstream 

receiver architecture of an MISU for the first transport embodiment 

of die system of Figure 1 ; 
Figure 23 is a block diagram of a coax home module (CXHXf) downstream 

receiver architecture of an HISU for the first transport embodiment of 

the of the system of Figure 1; 
Figure 24 is a block diagram of a CXHM upstream transmission architecture 

associated with the CXHM downstream receiver architecture of 

Figure 23; 

Figure 25 is a block diagram of a CXTU upstream transmission architecture 
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associated with (he CXTU downstream receiver architecture of 
Figuxe22; 

Figure26 is a block diagim of an MCCi^stream receiver architecture 

associated with the MCC dowDstream traostnissioo architecture of 
Figure 21; 

Figure 27 is a flow diagram of a acquisition distributed loop routine for use 

witij the system of Figure I; 
Figure 28 is a flow diagram of a tracking distritnited loop architecture routine 

for use with the system of Figure 1; 
Figure 29 shows a magnitude response of a polyphase fitter bank of the MCC 

upstream receiver architecmre of Figure 26; 
Figure 30 is an enlarged view of part of the magnitude response of Figure 29; 
Figure 31 is a block diagram of an ingress filter structure and FFT of the MCC 

upstream receiver architecture of Figure 26; 
Figure 32 is a block diagram of a polyphase filter stiticture of the ingress filter 

structure and FFT of Figure 31; 
Figure 33 is a block diagram of a carrier, amplitudCt timing recovery block of 

the downstream receiver architectures of the first transport 

embodiment; 

Figure 34 is a block diagram of a carrier, amplitude, timing recovery block of 
the MCC upstream receiver architecture of the first transport 
embodiment; 

F^ure 35 is a block diagram of internal equalizer operation for the receiver 

architectures of the first transport embodiment; 
Figure 36 is a spectral allocation of a second transport embodiment for 

transport in the system of Figure 1 ; 
Figure 37 is a block diagram of an MCC modem arehitecnn of the CXMU for 

the second transport embodiment of the system of Figure 1 ; 
Figure 38 is a block diagram of a subscriber modem architecture of the HISU 
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for the secoDd transport embodimeot of tbe system of Figure 1 ; 
Figure 39 is a block diagram of a modem of the subscriber modem architecture 
of Figure 38; 

Figure 40 is a block diagram for chamiel monitoring used in tbe system of 
Figure 1; 

Figures 4 1 , 42, 43 are flow diagrams for error monitor portions of channel 

monitor routines of Figure 40; 
Figure 44 is an alternate flow diagram for tbe diagram of Figure 42; 
Figure 45 is a flow diagram for a background monitor portion of the chaxmel 

monitor routines of Figure 40; 
Figure 46 is a flow digram for a backup portion of the channel monitor 

routines of Figure 40; 
Figures 47, 48 are a flow diagram of an acquisition distributed loop routine for use 

with anodier embodiment of the system of Figure 1; 
Figure 49 is a flow diagram of a downstream traddi^ loop for use with the 

embodiment of Figures 47 and 48. 
Figure SO is a flow diagram of an upstream tracking loop for use widi the 

embodiment of Figures 47 and 48. 
Figure 51 is a block diagram showing the locking of all clocks within a system. 
Figures 52, 53 dqnct phase diagrams of symbol waveforms in an embodiment of the 

invention. 

Figures 54, 55, 56, 57 describe eiror rates and message-encoding methods for use in 

a system according to the invention. 
Figure 58 is a block diagram of a scrambler for use in the invention. 
Figure 59 is a block diagram of a control circuit for a CXMU of an HDT in a 
telecommunications system; 
. Figures 60, 61 , 62 are flow charts that illustrate methods for assigning subbands 
and allocating payload channels in a telecommunications 
system that uses a muiti-canier communication scheme; 
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Figures 63» 64, 65, 66, 67 are frequency q)ectrum diagrams tiiat illustrate 

examples of assigning service units to subbands; 
Figure 6S u a flow chan Uttt iUustrates error inonitoring by ^ channel 
manager; 

Figure 69 is a flow chart that illustrates a method for allocating an ISU data- 
link (IDL) channel in a telecommunications system; 

Figure 70 is a block diagram of FFT system 2100; 

Figure 71 is a block diagram of modem 2400 which includes a FFT system 

2100 configured to perfonn an IFFT in tnmsmitter section 2401 and 
another FFT system 2100 configured to perform an FFT in receiver 
section 2402; 

Figure 72 is a block diagram of three logical banks of RAM: an input RAM 

2251, an ou^ut RAM 2253, and a conversion RAM 2252; 
Figure 73 is a block diagram of one embodiment of a physical implementation 
which provides the function of input RAM 2241, conversion RAM 
2242, and ou^ut RAM 2243; 
Figure 74 is a block diagram of one embodiment of a dual radix core 2600; 
Figures 75, 76, 77, 78, 79, 80, 81, 82 together form a table showing the order of 

calculations for a "'normal butterfly sub- 
operation*'; 

Figures 83, 84, 85, 86, 87, 88, 89, 90 together form a table showing the order of 

calculations for a "transposed butterfly sub- 
operation*'; 

Figure 91 is a block diagram of one embodiment of dual-radix core 2600 

showing tl:^ nomenclature used for the products output by multipliers 
2620 thro\^ 2627 and for adder*subtr3ctor*accumulators 2633; 

Figure 92 is a block diagram of one embodiment of an adder-subtracter- 
accumulator 2633; 

Figure 93 is a block diagram of modem 2400 which includes a Sigma-Delta 
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ADC and decimator system to drive FFT system 2100; 



Ftgure94 is a more detailed block diagram ofmodemfeceiver 2402; 
Figure 95 is a detailed block diagram of one embodiment of a Sigma*Delta 
convener 2840; 

Figure 96 is an overall schematic diagram of tte data delivery transport system 

according to the present invention; 
Figiire 97 is a simplified block diagram of the headend terminal 12 of the 

system 500 according to tbe present invention; 
Figure 98 tUustrates a Personal Cable Data Modem (PCDM) 540 and a Data 

Modem Service Module (DMSM) 550; 
Figure 99 illustrates in greater detail a PCDM 540; 
Figure 1 00 illustrates a Data Modem Chazmel Unit (DMCU) 560; 
Figure 101 shows a gnph of average bandwidth per user as a function of the 

number of usen for the system 500 according to the present 

invention; 

Figure 102 is a simplified block diagram of the data transport and framing of the 

system 500 according to the present invention; 
Figure 103 illustrates a Local Area Network Unit (LANU) 580 according to the 

present invention; 

Figure 1 04 illustrates in more detail a DMSM 550 according to the present 
invention; 

Figure 105 illustrates in more detail a DMCU 560 according to the present 
mvention; 

Figures 106, 107, 108, 109 illustrate the call set\xp for a data connection on the 

system 500 according to the present invention; 
Figure 1 1 0 illustrates a call termination sequence on the system 500 according to 

tbe present invention; 
Figure 111 illustrates the software of a LANU 580 according to the present 
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tnvtntioQ; 

Figure 1 12 illustntes a PCDM 620 adapted for asymmetrical data deliveiy; 
Figure 1 1 3 Ulustratt the head-end configuration for asymmetrical data delivery 

according to the present invention; 
Figures 1 14, 1 IS illustrate another alternate embodiment of the invention 

wherein digital video is received over an ATM network and 
transmitted over a modified form of system 10/500; 
Figure 116 shows a block diagram of a hybrid fiber/coax network in accordance 

with the present invention; 
Figure 117 is a block diagram of a bead end host distribution terminal of the 

network of Figure 1 16; 
Figure US is a block diagram of an optical distribution node of the network of 

Figure 1 16; 

Figure 119 is a block diagram of abome coaToal line unit of the network of 
Figure 116; 

Figure 120 is a block diagram of an alternative embodiment for ttansmission 

from ^ head end to the optical distrilnition nodes in accordance 

widi the present invention; 
Figure 121 is a block diagram of an impulse shaping technique utili^ in 

accordance with the present invention; 
Figure 1 22 is a block diagram of an alternative embodiment of the optical to 

electrical converter of the head end host distribution terminal of 

Figure 117; 

Figure 123 is a blodc diagram of an alternative embodiment of the head end host 
distrihition terminal of Figure 1 1 7. 



Detailed Pffscripiion of lh<? Preferred Embodimcm 
The communication system 10, as shown in Figure 1 » of the present 
invention is an access platform primarily designed to deliver residential and 
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business telecommuoicatioD services over a hybrid fiber-coixul (HFC) distribution 
netwoik 1 1. Tlie system 10 is a cost-e£fective platfonn for delivery of telei^ony 
and video services* Teiei^&y services may include standard telephony, computer 
data and/or telemetry. In addition, the present system is a flexible platfonn for 
accommodating existing and emerging services for residential subscribers. 

The hybrid fiber<08xial distribution network 1 1 utilizes optical fiber feeder 
lines to deliver telephony and video service to a distribution iK>de 1 8 (referred to 
hereinafter as the optical distribution node (ODN)) remotely located from a central 
of&ceoraheadend32. From&eODNs 18, service is distributed to subscribers via 
a coaxial netwotlL Several advantages exist by utilizing ttie HFC*based 
communication system 10. By utilizing fiber installed in ^ feeder, the system 10 
spreads the cost of optoelectronics across hundreds of subscribers. Instead of having 
a separate copper loop which runs from a distribution point to each subscriber 
C'star** distribution approach), ^ system 10 implements a bused approach where a 
distribution coaxial leg 30 passes each home and subscribers "tap** the distribution 
coaxial leg 30 for service. The system 10 also allows non^video services to be 
modulated for transmission using more cost-effective RF modem devices in 
dedicated pordonsofteRF spectrum. Finally, the system 10 aUows video services 
to be carried on existing coaxial fiicilities with no additional subscriber equipment 
because the coaxial distrilMition links can directly drive existing cable*ready 
television Kts. 

It should be q>parent to one skilled in the art that the modem transport 
architecture described herein and the functionality of the architecture and operations 
surrounding such architecture could be utilized with distribution networks other than 
hybrid fiber coax networks. For example, the functionality may be performed with 
respect to wireless systems. Therefore, the present invention contemplates use of 
such systems in accordance with the accompanying claims. 

The system 10 includes host digital terminals 12 (HDTs) v4uch implement 
ail common equipment functions for telephony transport, such as network interface, 
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syncbronizatiotu DSO grooming, and operations, administration, maintenance and 
provisioning (OAM&P) interfaces, and which include the interbce between the 
switching networic and a transport system which carries information to and from 
customer inter&ce equipment such as integrated service units 100 QSVs), 
Integrated services units (ISUs) 1 00, such as home integrated service units (HISUs) 
68 or multiple user integrated service units (MISUs) 66, wtich may include a 
business integrated service unit as opposed to a multiple dwelling integrated service 
unit, implement all customer inter&ce functions and interfice to ^ transport 
system ^ch carries infonnation to and from the switched network. In the present 
system, the HDT 12 is normally located in a central ofBce and die ISUs 100 are 
remotely located in the field and distributed in various locations. The HDT 12 and 
ISUs 100 are connected via the hybrid fiber-coax distribution network 1 1 in a multi- 
point to point configuration. In the present system, the modem functionality required 
to transport infomution over the HFC distribution network 11 is performed by 
inter&ceequipmentinbotfatfaeHDT12andtbeISUs 100. Sucfamodem 
jfunctionality is performed utilizing orthogonal firequency division multiplexing. 

Tlie conununication system shall now be generally described with reference 
to Figures 1, 3 and S. The primary components of system 10 axe host digital 
terminals (HDTs) 12, video host distribution terminal (VHDT) 34, telephony 
downstream transmitter 14, telephony upstream receiver 16, the hybrid fiber coax 
(HFC) distribution network 1 1 including optical distribution node 1 8, and integrated 
service units 66, 68 (shown generally as ISU 100 in Figure 8) associated widi 
remote units 46. Hie HDT 12 provides telephony interface between the switching 
network (noted generally by trunk line 20) and the modem inter£u:e to the HFC 
distribution networic for transport of telephony information. The telephony 
downstream transmitter 14 performs electrical to optical conversion of coaxial RF 
downstream telephony information outputs 22 of an HDT 12, shown in Figure 3, 
and transmits onto redundant downstream optical feeder lines 24. The telephony 
upstream receiver 16 performis optical to electrical conversion of optical signals on 
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reduadant i^>stream optical feeder Uses 26 and applies electrical stgnals on coaxial 
RF upstream telephony infonnadon iiqKits 28 of HDT 12. The optical distributioo 
node (ODN) 18 provides interface between the optical feeder lines 24 and 26 and 
coaxial distribution legs 30. The ODN 18 combines downstream video and 
telephony onto coaxial dtstributioQ legs 30. The integrated services units provide 
modem interface to the coaxial distribution network and serdce interfile to 
customers. 

The HDT 12 and ISUs 100 implement the ttltjixmy transport system 
modulator«demodulator (modem) functionality. The HDT 12 includes at least one 
RF MCC modem 82« shown in Figure 3 and each ISU 100 includes an RF ISU 
modem 101, shown in Figure t. The MCC modems 82 and ISU modems 101 use a 
multi-carrier RF transmission technique to transport telephony information, such as 
DS0+ channels, between the HDT 12 and ISUs 100. Iliis multi«carrier technique is 
based on orthogonal fiequency division multiplexing (OFDM) where a bandwidth of 
the system is divided \sp into multiple carriers, eadi of which may represent an 
information chanod. Multi<<airier modulation can be viewed as a technique which 
takes time«diviston multiplexed information data and transforms it to frequency^* 
division muit^lexed data. The generatira and modulation of data on multiple 
carriers is accomplished digitally, using an orthogonal transfonnation on each data 
channel. The receiver performs the inverse transformation on s^^nents of the 
sampled waveform to demodulate the data. The multiple carriers overlap q)ectrally. 
However, as a consequence of the orthogonality of the transformation, the d^ in 
eadi carrier can be demoddated with negligible interference fiom the other carriers, 
thus reducii^ interference between data signals transported. Multi-carrier 
transmission obtains efBcient utilization of the transmission bandwiddi, particularly 
necessary in tfie t^stream communication of a multi*point to point system. Multi- 
carrier modulation also provides an efficient means to access multiple multiplexed 
data streams and allows any portion of the band to be accessed to extract such 
mtiltiplexed information, provides superior noise immunity to in4)ul8e noise as a 
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consequence of having relatively long symbol time$» and also provides an e£Extive 
means for eliminating narrowband interference by identifying carriers which are 
degraded and inhibiting the use of these carriers for data transmission (such channel 
monitoring and pcoWfdon is described in detail below). Essentially, the telephony 
transport system can disable use of carriers which have interference and poor 
performance and only use carriers which meet transmission quality targets. 

Further, the ODNs 1 8 combine downstream video with the telephony 
information for transmission onto coaxial distribution 1^ 30. The video 
information from existing video services, generally shown by trunk line 20, is 
received by and processed by head end 32. Head end 32 or the central olQSce, 
includes a vi(^ host distribution terminal 34 (VHDT) for video data interface. The 
VHDT 34 has optical transmitters associated therewith for communicating the video 
information to the remote units 46 via the ODNs 18 of the HFC distribution network 
11. 

The telei^ny transmitter 14 of the HDTs 12, shown in Figure 3 and 4, 
inclxsdes two transmitters for downstream telephony transmission to imtect the 
telq>hony data transmitted. These transmitters are conventional and relatively 
ine]q)ensive narrow band laser transmitters. One transminer is in sumdby if the 
other is functioning property. Upon detection of a fault in the operating transmitter, 
the transmission is switched to the standby transmitter. In contrast, the transmitter 
of the VHDT 34 is relatively expensive as compared to the transmitters of HDT 12 
as it is a broad bend aiuklog DFB laser transmitter. Therefore, protection of the 
video information* a non-essentiai service unlike telephony data, is left unpratected. 
By splitting the telephony data transmission from the video data transmission, 
protection for the telephony data alone can be achieved. If the video data 
information and the telephony data were transmitted over one optical fiber line by 
an expensive broad band analog laser, economies may dictate that protection for 
telephony services may not be possible. Therefore, separation of such transmission 
is of importance. 
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Furdber with reference to Figure U the video infoimaiioD is opticiliy 
transmitted downstream via qnical fiber line 40 to splitter 38 which splits the 
opttcai video signals for transmissioo on a plurality of optical fiber lines 42 to a 
plurality of optical distribution nodes 1 8. The telephony transmitter 14 associated 
with the HDT 12 transmits optical telephony signals via optical fiber feeder line 42 
to the optical distribution nodes 18. Tlie optical distribution nodes 18 convert the 
optical video signals and optical telqpbony ^gnals for transmission as electrical 
outputs via the coaxial distribution portion of the hybrid fiber coax (HFC) 
distribution network U to a plurality of remote imits 46. The electrical downsntam 
video and telephony signals are distributed to ISUs via a plurality of coaxial legs 30 
and coaxial taps 44 of the coaxial distribution portion of the HFC distribution 
network 11. 

The remote units 46 have associated therewith an ISU 1 00, shown generally 
in Figure 8, that includes means for transmitting \^)stream electrical data signals 
including telephony information, such as from telephones and data tenninals, and in 
addition may include means for transmitting set top box information from set top 
boxes 45 as described further below. The upstream electrical data signals are 
provided by a plurality of ISUs 100 to an optical distribution node 1 8 connected 
thereto via the coaxial portion of the HFC distribution networic 1 1 . The optical 
distribution node 18 converts the upstream electrical data signals to an upstream 
optical data sipud for transmission over an optical fiber feeder line 26 to the head 
end 32. 

Figure 2 generally shows an alternate embodiment for providing 
transmission of optical video and optical telephony signals to the optical distribution 
nodes 1 8 from head end 32, the HDT 1 2 and VHDT 34 in this embodiment utilize 
the same optical transmitter and the same optical fiber feeder line 36. The signals 
from HDT 12 and VHDT 34 are combined and transmitted optically from headend 
32 to splitter 38. The combined signal is then split by splitter 38 and four split 
signals are provided to the optical distribution nodes 18 for distribution to the 
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remote uoiuio^tfie coaxial distribud Retumopdcai 
teiepho&y sigoak from the ODNs 18 would be combined at splitter 38 for ^vision 
to the beadcDd. However* as described above, ^ optical transmitter utilized woul^ 
be relatively e}q)cnsive due to iu teoad band capabilities, lessening the probabilities 
of being able to aSbrd protection for essential telephony services* 

As one skilled in the art will recognize, the fiber feeder lines 24, 26, as 
shown in Figure 1 , may include four fibers, two for transmisaon downstream from 
downstream telephony transmitter 14 and two for transmission iq>stre«m to 
iq>stream telephony receiver 1 6. With the use of directional coi^lers, ^ number of 
such fibers may be cut in half. In addition, the number of protection transmitters 
and fibers utilized may vary as known to one skilled in the art and any listed number 
is not limiting to &e present invention as described in the accompanying claims. 

The present invention shall now be described in further detail. Thefiistpart 
of the description shall primarily deal with video transport The remainder of the 
description shall primarily be wi& regard to telephony tnmsport 

VIDEO TRANSPORT 

The communication system 10 includes the head end 32 ^cfa receives 
video and telephony information from video and telephony seivice providers via 
trunk line 20. Head end 32 includes a plurality of HDTs 12 and a VHDT 34. The 
HDT 12 includes a networi: interface for communicating telqdiony inforaiation, 
such as Tl, ISDN, or other data services inforaiation, to and from telephony service 
providers, such communication also shown generally by trunk line 20. The VHDT 
34 includes a video Mtwofk interfile for communicating video information, such as 
cable TV video information and interactive data 6f subscribers to and fit>m video 
service providers, such communication also shown generally by trunk line 20. 

The VHDT 34 transmits downstream optical signals to a splitter 38 via video 
optical fiber feeder line 40. The passive optical splitter 38 effectively makes four 
copies of the downstream high bandwidth optical video signals. The duplicated 
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downstream optical video signals are distributed to the conespotidingly connected 
optical distribution nodes 18. One skilled in die art will readily recognize that 
although fourcopies of the downstream video ngnais are created, any number of 
copies may be made by an ^)propriaie splitter and that die present invention is not 
limited to any spca&c number. 

The splitter is a passive means for flitting broad band qideal signals 
without the need to employ expensive broad band opdcal to electrical conversion 
hardware. Optical signal spUtters are commodylmown to Me skiUed in the an a^^ 
available £rom numerous fiber optic component manu&cturers such as Gould, Inc. 
In the alternative, active qpiitters may also be utilized. In addition, a cascaded chain 
of passive or active splitters would furfter multiply the number of duplicated optical 
signals for application to an additional number of optical distribution nodes and 
therefore increase further the remote units serviceable by a single head cikL Such 
alternatives are contemplated in accordance with the present invention as described 
by the accompanying claims. 

The VHDT 34 can be located in a central ofiBce, cable TV bead end, or a 
remote site and broadcast i^) to about 112 NTSC channels. The VHDT 34 includes 
a transmisdon system like that of a LiteAMp*^ system available from American 
Lightwave Systems, Inc., currently a subsidiary of the assignee hereof. Video 
signals art transmitted optically by amplitude modulation of a 1300 nanometer laser 
source at the same frequency at which the signals are received (i.e. the optical 
transmission is a terahertz optical carrier which is modulated with the RF video 
signals). The downstream video transmission bandwidth is about 54*725 MHz. 
One advantage in using the same freqtiency for optical transmission of the video 
signal as the fi^uency of the video signals when received is to provide high 
bandwidth transnussion with reduced conversion expense. This same-frequency 
transmission approach means that the modulation downstream requires optical to 
electrical conversion or f^portional conversion with a photodiode and perhaps 
amplification, but no frequency conversion. In addition, there is no sample data 
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bandwidth leducticm and little loss of resolutioB. 

An optical distribution node 1 8, shown in further detail in Figure S, receives 
the split downstream optical video signal from the splitter 38 on optical fiber feeder 
line 42. The downstream qTtical video signal is applied to a downstream video 
receiver 400 ofdie optical distributicm node 18. The optical video receiver 400 
utilized is like that available in the Lite AMp*** product line available from American 
Lightwave Systems, Inc. The converted signal from video receiver 400, 
proportionally converted utilizing pbotodiodes, is applied to bridger amplifier 403 
along with converted telq^ny signals from downstream telephony receiver 402. 
The bridger amplifier 403 simultaneously ^yplies four downstream electrical 
telephony and video signals to diplex filters 406 ^cfa allow for full duplex 
operation by separating the transmit and receive functions when signals of two 
different frequency bandwidths are utilized for i^istzeam and downstream 
transmissicm. There is no frequency conversion performed at the ODN 18 with 
it^)ect to tiie video or &e downstream telephony signals as the signals are passed 
throu^ ODNs to the remote units via ibc coaxial portion of the HFC 
distribution network 11 in the same frequency bandwidth as they are received at the 
ODNs 18. 

After the ODN 18 has received the downstream optical video signals and 
such signals are converted to downstream electrical video signals* the four ou^uts 
of the ODN 18 are applied to four coaxial legs 30 of ^ coaxial pordon of the HFC 
distribution network 1 1 for transmissicm of the downstream electrical video signals 
to Ae remote units 46. Such transmission for the electrical video signals occurs in 
about the 54*725 MHz bandwidth. Each ODN 18 provides for the transmission on a 
plurality of coaxial legs 30 and any number of outputs is contemplated in 
accordance with the present invention as described in the accompanying claims. 

As shown in Figure 1, each coaxial cable leg 30 can provide a sigoificant 
number of remote tmits 46 with downstream electrical video and telephony signals 
through a plurality of coaxial taps 44. Coaxial xaps are commonly known to one 
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skilled In the art and act as passive KdiiectioMi pickoflb of electrical agnais. Each 
coaxial cable leg 30 iMy have a number of coaxial taps 44 connected in In 

addition, the coaxial portion of the HFC distribution network 1 1 may use any 
number of amplifiers to extend the distance data can be sent over the coaxial portion 

of such HFC distribution network II. 

Downstream video signaU are provided from the coaxial taps 44 to the 
remote units 46. The video signal from the coaxial tap 44 U provided to an HISU 
68whichisgenerallysbownbytheblockdiagiamoflSU100inFiguit8. T1«ISU 
100 is provided with the downstream electrical video and telephony signal from tap 
44 and it is appUed to diplex filter 104. The downstream electrical video and 
telephony signal is passed through fl* diplex filter 1 04 to both an ingress filter 1 05 
and ISU modem 101. The downstream video signal is passed by the ingress filter 
105 to video equipment via an optional set top box 45. TTie downstream electrical 
telephony signal appUed fiom the diplex filter 104 to the ISU modem 101 is 
processed as described in fisto detail below. 

Ingress filter 105 provides the remote unit 46 with protection against 

interference of signals applied to the video equipment as opposed to those provided 
to other user equipment such as telephones or computer tenninals. Ingress filter 105 
passes the video signals; however, it blocks those frequencies not udlized by the 
video equipment By blocking those frequencies not used by the video equipment, 
stray signals are eliminated that may interfere with the other services by the network 
to at least the same remote unit 

The set top box 45 is an optional clement at the remote unit 46. Interactive 
video data from set top box 45 would be transmitted by an additional separate RF 

modem provided by the video service provider af a relatively low frequency in the 
bandwidth of about 5 to 40 MHz. Such frequency must not be one used for the 
transport of upstream and downstream telephony data and downstream video. 

For an MISU 66, a separate coaxial line from coaxial t^ 44 is utilized to 
provide transmission of video signals from the coaxial tap 44 to the set top box 45 
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aaJtbusforpcovidingdownstieamvideosip^ The 
ingress mtcr 105 as shown in Figure 8 is iK>t • p«t of the MISU 66 « indict 

its dashed lepresentalioiL 

Alternative embodiments of the VHDT 34 may employ other modulation 
and mixing schemes or techniques to shift the video agnab 
«K»ding methods to transmit the information in a coded fiam^ Such techniques 

and schemes for transmitting ««iog video dam, in «idition to ti>ose tinsmitting 
digital video data, are knoMoi to one skiUed in the art and are contemplated in 
accordance with the spirit and scope of the present invemion as described in the 

accompanying claims. 

TELEPHONY TRANSPORT 

With reference to Figure 3, telephony information and ISU opcrMons and 
control data (hereinafter referred to as control data) moduhttcd on carriers by MCC 
modem 82 is transmitted between the HDT 1 2 and the telephony do wnstrtam 

ttansmitter 14 via coaxial lines 22. Telephony information and control data 
modulated on carriers by ISUs 100 is received at telephony t^stream receiver 1 6 
and communicated to the MCC modem 82 vU coaxial cable lines 28. Thetelephony 

downstream transmitter 1 4 and flie telephony upstream receiver 1 6 transmit and 
receive, respectively, telephony information and control data via optical fiber feeder 
lines 24 and 26 to and fiom a corresponding optical distribution node 18. The 
control data may include aU operations, administration, maintenance & provisioning 
(OAM&P) for providing the telephony services of the system 10 and any other 
control data ncccssaiy for providing transport of telephony information between the 
HDT 12 and the ISUs 100. 

A block diagram of the HDT 12 is shown in Figure 3. The HDT 12 
includes the following modules: Eight DSl Units (DSIU) (seven quad-DSl units 48 
plus one protection unit 50). one protection switch & test conversion unit 52 
(PSTU), two clock & time slot interchange units 54 (CTSUs) (one active and one 
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staodby^tecdcmunitX six coax master units 56 (CXMUs) (tim active and three 
sta&dby/protectioQ units), two shelf control units 58 (SCNUs) (one active and one 
standby/protection unit), and two power s\3pp\y units 60 (PWRUs) (two load-sharing 
units which provide the appropriate HDT voltages from a central office si^ly). 
The DSIU units can also be adapted to transfer data in the standa2d ElU fo^^ 
desired. 

The HDT 12 comprises all the common equipment functions of the 
telephony transport of the communication system 10. The HDT 12 is normally 
located in a centnd office and directly interfiles to a local digital switch or digital 
network element equipment The HDT provides the network interbce 62 for all 
telephony informatioiL Each HDT accommodates from 2 to 2S DSX*1 inputs at the 
network interfSace 62, representing a maximum of 672 DSO channels. The HDT 12 
also provides all synchronization for telephony transport in the system 10. The 
HDT 12 may operate in any one of three synchronization modes: external timing, 
liae timing or internal tizning. External timing refers to synchronization to a 
building integrated timing supply reference which is soutced from a central office in 
which the HDT 12 is located Line timing is synchronized to die recovered clock 
from aDSX-1 signal oormaily derived from the local digital switch. Internal timing 
is a fite^running or hold-over operation where the HDT maintains its own 
synchronization in tius absence of any valid reference iopits. 

The HDT 12 also provides quarter-DSO grooming c^>abilities and 
implements a 4096 x 4096 M'^access, n(m-bIocking quarter*DSO (16 kbps) cross- 
connect cq>abtlity. This allows DSQs and quarter-DSOs (ISDN ^'D'* diannels) to be 
routed fitnn any timestot at the DSX*1 network interface 62 u> any customer 
serviced by any ISU 100. 

The HDT 12 further provides the RF modem functionality required for 
telephony transport over the HFC distribution networic 1 1 including the MCC 
modem 82. The HDT 12 accommodates up to three active CXMUs 56 for providing 
the modem interface to the HFC distribution network 1 1 and also provides one-for- 
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one protecdon for each active CXMU 56. 

The HDT 12 coordinates the telephony transpon system including control 
and communication of many ISUs of the mutti*point to point communication system 
10. Each HDT 12 module performs a function. The DSIU module 4S provides the 
interface to the digital networic and DSX-I termination. Hie PSTU 52 provides 
DSIU equipment protection by switching the protection DSIU 50 for a Med DSIU 
module 48. The CTSU 54 provides the quarter*DSO timeslot grooming c^)abUity 
and all system synchroniiation functions. The CTSU 54 also oocndinates all call 
processing in the system. The CXMU 56, described in further detail below, 
provides the modem functioiudity and interface for the OFDM tele{^ny transport 
over the HFC distribution network 1 1 and the SCNU 58 sq)ervises the operation of 
the entire communication system providing all OAM&P functions for telephony 
transport Most processing of requests for provisioning is perfonned by the SCNU 
58. 

Downstrwm Tclcpbony Transmitter 

The downstream telephony transmitter 14, shown in Figure 4, takes the 
coaxial RF ouQ)uts 22 from the active CXMUs 56 of the HDT 1 2 which carry 
telephony ix^ormation and control data and combines the outputs 22 into a 
downstream telq)hony transmission signal. The etectrical-to-optica] conversion 
logic required for the optical transmission is implemented in a stand-alone 
downstream tele{^ny transmitter 14 rather than in the HDT 12 to provide a more 
cost effective tran^rt solutiorL By placing this function in a separate component, 
the expense of this fimction does not need to be repUcated in each CXMU 5^ of the 
HDT 12. This reduces the cost ofthe CXMU 56 fraction and aUows the CXK^ 
to transmit and receive over coax instead of fiber* The downstream telephony 
transmitter 14 also provides for transmission on redundant downstream fiber feeder 
lines 24 to an ODN 18. 

The downstream telephony transmitter 14 is co-located with the HDT 12 
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prefend>ly within a distance of 1 00 feet or less. The downstream telephony 
transmitter 14 receives the coaxial RF ou^uts finom the active CXMUs 56, each 
within a 6 MHz frequency band, azKi combines them at combiner 25 into a single RF 
signal. Each 6 MHz frequency band is sq>arated by a guard band as is known to one 
skilled in the art Downstream telephony information is then transmitted in ^ut 
the 725-800 MHz frequency band. The telephony transmitter 14 passes the 
combined signal through a l*to-2 splitter (not shown), ^i^adby producing redundant 
downstream electrical signals. The two redundant signals aie each delivered to 
redundant laser transmitters 501 for electrical*to<opdcal conversion and the 
redundant signals modulate an optical ouqnit such that tbc ou^ut of the downstream 
telephony transmitter 1 4 is on two optical feeder lines 24, each having an identical 
signal modulated thereon. This provides protection for the downstream telephony 
portion of the present system. BgQx Fatwy-Perot lasers in the tele^^ny transmitter 
14 are active at aU times. All protection functions are provicfed at tiw receive end of 
the optical transmission (located at teODN 18) where one of two receivers is 
selected as "active;* dierefore, die telephony transmitter 14 requires no imtection 
switdung capabilities. 

Upstitam Telephony Receiver 

The upstream telefdiony receiver 16 performs the optical«to-electricaI 
conversion on the upstream optical telephony signals on the upstream optical feeder 
lines 26 torn the ODN 18. The upstream telephony receiver 16 is normally co- 
located in the central ofBce with the HDT 12, and provides an electrical coaxial 
output to tte HDT 12, and a coaxial output 23 to be provided to a video set-top 
controller (not shown). Upstream telephony information is routed via coax lines 28 
from the upstream telephony receiver 16 to active CXMUs 56 of the HDT 12. The 
coaxial link 28 between the HDT 12 and the upstream telephony receiver 16 is 
preferably limited to a distance of 100 feet or less and is an intra-office link. Video 
set-top controller information, as described in the Video Transport section hereof, is 
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located in a bandwidth of tbe RF spectnm of 5-40 MHz which is not utilized for 
upstitam telephony tnuspon such that it is transmitted along with the upstream 
telephony infohnation. 

The upstream telephony teceiver 16 has dual receivers S02 for the dual 
tq>stream optical fiber feeders lines 26* These feeder lines 26 carry redundant 
signals from the ODN 18 which contain both telephony infortnadon and control data 
and also video set*top box information. Tbe iq)stream tele{^ny receiver 16 
perfonns automatic protection switching on the \^stream feeder lines 26 from the 
ODN, The receiver 502 selected as •*activc" by protection logic is split to feed the 
coaxial ouq>uts 2S which drive &e HDT 12 and ouqnit 23 is provided to the set*top 
controller (not shown). 

Qptigal Distribution Node 

Referring to Figure 5, tbe ODN 18 provides the interface between the optical 
feeder lines 24 and 26 from the HDT 1 2 and tbe coaxial portion of the HFC 
distribution network 11 to &e remote units 46, As such* &e ODN 18 is essentially 
an optical^to-electrical and electrical-to-optical converter. The maximum distance 
over coax of any ISU 100 from an ODN 18 is preferably about 6 km and the 
maximum length of the combined optical feeder line/coaxial drop is preferably 
about20knL Theopticalfeederlinesideof the ODN 18 terminates six fibers 
although such number may vary. They include: a downstream video feeder line 42 
(single fiber from video q>litter 38)» a downstream telephony feeder line 24 (from 
downstream telq>hony transmitter 14), a downstream telephony protection feeder 
line 24 (from down^ream telephony transmitter 14), an upstream telephony feeder 
line 26 (to upstream telephony receiver 16), an tq»tream im>tection feeder line 26 
(to upstream telephony receiver 16), and a spare fiber (not shown). The ODN 18 
provides protection switching functionality on the receive optical feeder lines 24 
from the downstream telephony transmitter. The ODN provides redundant 
transmission on the upstream optical feeder lines 26 to the upstream telephony 
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tecdver. PiotecdonoDtbeiq)streamopdcalfee(terlii^ 

upstxtam telq)hony receiver 16. On ^ coaxial distributioii side of ODN 18, the 

ODN 18 tenninates 19 to four coaxial legs 30. 

In the downstream direction, the ODN 18 includes dowosneais tele{^ony 
receiver 402 for converting the optical downstream telef^ny ngnal into an 
electrical signal and a bridger amplifier 403 that combines it with tiie converted 
downstream video signal ftom downstream video receiver 400 terminated at the 
ODN 1 8 from the VHDT 34. This combined wide-band electrical telephony/video 
signal is then transported in the spectrum allocated for downstream transmission, for 
example, the 725-800 MHz band, on each of the four coaxial legs of the coaxial 
portion of the HFC distribution network 1 1 . As such, this electrical telephony and 
video signal is carried over the coaxial legs 30 to the ISUs 1 00; Hat bridger amplifier 
403 simultaneously applying four downstream electrical telephony and video signals 
to diplex filters 406. The diplex filters 406 allow for fiilldtq>lex operation by 
separating the transmit and receive fimctions when signals at two different 
frequtticy bandvndtfas are utilized for «q>5tream and downstream transmission. 
There is iK>fiequencyconvetsion available at the ODN 18 for downstream transport 
as the telephony and video signals are passed through the ODN 18 to the remote 
units 46 via the coaxial poition of HFC distribution network 11 in the same 
frequency bandwidth as they are received at the ODN 18. As shown in Figure 1, 
each coaxial leg 30 can provide a significant number of remote units 46 with 
downstream electrical video and telephony signals through a plurality of coaxial 
t^ 44. Coaxial taps 44 commonly known to one skilled in the art act as passive 
bidirectional pickoflb of electrical signals. Each coaxial leg 30 may have a number 
of coaxial taps connected in a series. In addition, the coaxial portion of the HFC 
distribution network 1 1 may use any number of amplifiers to extend the distance 
data can be sent over the coaxial portions of the system 10. The downstream 
electrical video and telephony signals arc then provided to an ISU 100 (Figure 8), 
vrfiich, more specifically, may be an HISU 68 or an MISU 66 as shown in Figure 1 . 
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Id tbe if)stteam direcdoo, leiq>hooy and set top box infonnatioa is received 
by tbe ODN I S al diplex filters 406 over tbe four ooaxsil 3 0 in ^ RF spectrum 
region from 5 b 40 Tbe ODN IS may include optional fitqueocy shifters 64 
equipped on up to tbreeoffour coaxial legs 30. Tbese frtqueocy shifters 64» if 
utilized, inix tbe iqpstieam spectrum on a coaxial 1^ 

combining with tbe other three coaxial legs. Frequency shifters 64 are designed to 
shift tbe upstream spectrum in multiples of SO MHr F<^ example, tbe frequency 
shifters 64 may be provisioned to mix tbe iq^stream infoimatira in tbe 5«40 MHz 
portion of tbe RF spectrum to any of the following ranges: 50 to 100 MHz, 100 to 
ISO MHz, or 150 to 200 MHz. This allows any coaxial leg 30 to use the same 
portion of ^ upstream RF spectrum as another leg without any spectrum 
contention when the upstream information is combined at tbe ODN 1 8. 
Provisioning of frequency shifters is optional on a coaxial leg 30. The ODN 1 i 
includes combiner 408 vAndi combines the electrical tq)stream telephony and set 
top box information from all tbe coaxial legs 30 (v^ch may or may not be 
frequency siufted) to form one coixq)Osite upstream signal having all iq>stream 
information present on each of tbe four coaxial legs 30. Tbe composite electrical 
upstream signal is passively 1:2 ^Ut and eadi signal feeds an upstream Fabry*Perot 
laser transmitter which drives a corresponding upstream fiber feeder line 26 for 
transmission to the iq)stream telei^ony receiver 16. 

Figure 6 illustrates an embodiment of a frequency shifter, indicated generally 
at 64\ for use in ODN 18 of Figure 5. Frequency shifter 64* com^ises a mixer 700 
that is coi^led to receive and shift tbe frequency band of RF signals in the upstream 
direction from diplex filter 406 for a coaxial leg 30. An output of mbcer 700 is 
coupled through a bandpass filter 704 to combiner 408* Local oscillator 702 is 
coupled to provide a signal to control tbe operation of mixer 700. 

In operation, fi:equency shifter 64' shifts a block of RF signals from a first 
frequency range to a second frequency range. For example, as mentioned above, the 
RF signals provided to frequency shifter may comprise RF signals in the range from 
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5 to 40 1^ to <«e embodiinait. ODN 18 comprises three fttquc^ 

In this embodiment, the local oscUUiois 702 of the thiee fiequeacy shifters provide 
sigMb of 76 MHZ, 149 MHZ, «id 222 MHZ. respectivdy; Tbus. Sequent 
64- respectively shift the ups^ RF signals appioxim«ely to the 50 to 100 MHZ. 
125 to 175 MHZ Md 200 to 250 MHZ r«nges. 

If the upstream telephony and set top box signals ate upshifted at the ODN 
18 the upstream telephony receiver 16 includes fitquencydufters 
thesignalsaccoidingtotheupshifdngdoneattheODNlS. A combiner 33 &en 

combines the do^wishifted signals for appUcation of a combined sigmJ to the HDT 
a Suchdownshifting«Kicombiningisonlyutai2edifthesign.ls«eupshi^ 

the ODN 18. 

Figure 7 iUustr«es an embodiment of a frequency shifter, indicated generally 
at 31'. for use in telephony upstream receiver 16 of Figure 8. Frequency shifter 31' 
returns a block of RF signals shifted by frequency shifter 64' to original frequency 
nmgeoftheblodc For exan^le. frequency shifter 31' may remm a block of RF 
signals to 5 to 40 MHZ from 50 to 100 MHZ . 

AS discussed in more detaa below, the upstream telephony signals processed 
by frequency shifters 31' «Ki 64- are typically OFDM signals. Thus, frequency 
drifters 64- must remm the W signals to the original frequency rnige wia^^ 
introducing diverse phase and frequency errors. To reduce the likelihood of this 
corruption of Ae OFDM signals, frequency shifter 31' locks its local oscillator to the 
local oscillator of acortesponding frequency shifter 64' using a pilot tone 
transmitted from ODN 18 to telephony upstream receiver 16. 

Frequency shifter 31' includes a bandpass filter 706 fl-t is coupled to receive 
an RF signal from ODN 18. Bandpass filter 706 is coupled to a splitter 708. 
Splitter 708 is coupled to provide the RF signal to an input of mixer 718. Further, 
splitter 708 provides a second output that is used to generate a local oscilUtor signal 
for mixer 718. This local oscillator signal is phase locked with a conesponding 
localoscillator702of frequency converter 64'. Tlus second output of splitter 708 is 
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covpM to phase detector 712 through bandpass filter 710. Phase detector 712 is 
coupled to pmvide a control signal to voltage controlled oscillator 714. Voltage 
controlled oscillator 714 is cot^Ied through splitter 716 to provide the local 
oscillator signal to mixer 718* Splitter 716 further provides a feedback signal to 
phase detector 712. 

In operation, phase detector 712 phase locks local oscillator signal of 
frequency shifter 3 V with local oscillator 702 of a corresponding frequency shifter 
64'. Phase detector 712 compares the pilot tone btm ODN 18 wi& the feedback 
signal from voltage controlled oscillator 714 to genente the control ^gnal for 
voltage controlled oscillator 714. Co n sequen t ly, the local oscillator signal provided 
to mixer 718 is phase locked with the corresponding local oscillator 702 of 
frequency shifter 64'. Kfixer 718 uses ^ local oscillator signal from splitter 716 
and voltage controlled oscillator 714 to shift the block of RF signals received by 
frequency shifter 3 1* to the original frequency tan^ of die block of RF signals. 
Advantageously, unacceptable modifications of die OFDM upstream signal by 
frequent shifters 64' and 31* are thus avoided 

Integrated Services Unit HSUs^ 

Refening to Figure 1, die ISUs 100, such as HISU 68 and KQSU 66, provide 
the interface between the HFC distribution network 1 1 and die customer services for 
remote units 46. Two basic types of ISUs are shown, provide service to 
^>ecific customers. Multiple user integrated seivice unit 66 (MISUs) may be a 
multiple dwelling integrated service unit or a business integrated service umt Tlie 
multiple dwelling integrated sovice unit may be used for mixed residential and 
business environments, such as multi-tenant buildings, small businesses and clusters 
of homes. These customers require services such as plain old telephone seivice 
(POTS), data services, DSl swvices, and standard TR-57 services. Business 
integreted service units are designed to service business en^ronments. They may 
require more services, for example, data services, ISDN, DSl services, higher band- 
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width services, ^uch as video confemci&g, etc. Home integrated services units 68 
(HISUs) are used for residential environments sucb as single-tenant buiidings and 
duplexes, where the intended services are POTS and basic rate integrated digital 
services network (ISDN)* I>e$cripti<m for ISUs shall be limited to die HISUs and 
MISUs for simplicity purposes as multiple dwelling and business int^rated service 
units have similar functionality as &r as the present invention is concerned 

All ISUs 100 implement RF modem functionality and can be generically 
shown by ISU 100 of Figure 8. ISU 100 includes ISU aK>dem 101, coax slave 
controller unit (CXSU) 102, channel units 103 for providing customer service 
interface, and diplex filter/tap 104. b die downstream direction, the electrical 
downstream telephony and video signal is applied 10 diplexfiherAap 104 which 
passes telephony informadon to ISU modem 101 and video information to video 
equipment via an ingress filter 105 in the case of a HISU. When Oie ISU lOOisa 
MISU 66, the video information is rqjected by the diplex filter. ThelSUmodem 

101 demodulates the downstream telq^ony information utilizing a modem 
cone^nding to the MCC modem 82 used for modulating such information on 
orthogonal multicartiers at HDT 12. ISU 100 demodulates downstream telephony 
information bom a coaxial distribution leg 30 in a provisionable 6 MHz frequency 
band. Tmiing generation 107 of ttie ISU modem 101 provides clocking for CXSU 

102 "Winch provides processing and controls reception and transmission by ISU 
modem 101. The demodulated data from ISU modem 101 is passed to the 
applicable channel units 103 via CXSU 102 depending upon the service provided. 
For exa&4>le, the channel units 103 may include line cards for POTS, DSl services, 
ISDN, ottier data services, etc. Eadi ISU 100 provides access to a fixed subset of all 
channehs available in a 6 MHz frequency band corresponding to one of the CXMUs 
of HDT 12. This subset of channels varies depending upon the type of ISU 100. An 
MISU 66 may provide access to many DSO channels in a 6 MHz frequency band, 
yMlt an HISU 68 may only provide access to a few DSO channels. 

The channel units 103 provide telephony information and control data to the 
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CXSU 102, wUcbfTOvidesfucbdatatoISUffiodmlOl axxlco^ 
101 for moduiasiofi of sudi telepbooy data and control data in a provisional 6 MHz 
frequency band for transmission onto Hic coaxial distribution leg 30 connected 
thereto. The i^stream 6 MHz frequency band provisionable for transmission by the 
ISU 100 to die HDT 12 corresponds to one oftfae downstream 6 MHz bands utilized 
for transmission by Hi/t CXMUs 56 of HDT 12. 

The CXSU 102 which applies demodulated data from the ISU modem 101 to 
the appUcable channel units, perfonnsdau integrity checldng on diedownstr^ 10 
bit DSO^ packets received from ^ ISU modem 101. Each ten bit DSO^ packet as 
described below includes a parity or data integrity bit The CXSU 102 will check 
theparity of each downstream 10 bit DSO^ channel it receives. Further, the parity 
of each upstream DS0+ received from the channel units 103 b calculated and a 
parity bit inserted as the tenth bit of the upstream DSO^ for decoding and 
identification by the HDT 12 of an error in the tq)stream data. If an error is detected 
by CXSU 102 when checking Oe parity of a downstream 10 bit DSO+ channel it 
receives, the parity bit of corresponding upstream channel will be intentionally 
inverted to infomx tbe HDT 12 of a parity error in the downstream directioa 
Therefore, the upstream parity bit is indicative of erron in ^ downstream DSO^ 
channel and the corresponding iqsstream DSO+ channel An example of such a 
parity bit generation process is described in U.S. patent application 08/074,91 3 
entitied "Point-to Multipoint Performance Monitoring and Failure Isolation System** 
assigned to tiieasagncebereofand entirely incorporated herdn by reference. This 
upstream parity bit is titilized in channel monitoring as described fri^^ As 
would be apparent to one skilled in &e art, the parity diecking and generation may 
be performed, at least in part, in other elements of the ISU or associated therewith 
such as the channel units. 

Each ISU 100 recovers synchronization from downstream transmission, 
generates ail clocks required for ISU data transport and locks these clocks to the 
associated HDT timing. Tbe ISUs 1 00 also provide call processing functionality 
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necessary to detect custOBier tine seizure and Iknc idle conditions and transmit these 
indications to ^HDT 11 ISUs 100 tenninate and receive control data firom the 
HDT 12 and process the control data recdvedtberefitxn. Included in this 
processing are messages to coordinate dytkamic channd allocation in the 
communication system 10. Finally, ISUs 100 generate ISU operating voltages firom 
a power signal rmived over the HFC distribution network 11 as shown by the 
power signal 109 taken firom diplex filter/t^> 104. 

Data Path in HPT 

The following is a detailed discussion of the data path in the host digital 
terminal (HDT) 11 Referring to Figure 3, the data pa^ between the network 
fecility at ^ network inter&ce 62 and the downstream telephony tnnsmitter 14 
proceeds through tiie DSIU 48, CTSU 54, and CXMU 56 modules of the HDT 12, 
respectively, in the downstream direction. Each DSIU 48 in the HDT 12 takes four 
DS 1 s from the network and formats this information into four 24<hannel, 2*56 
Mbps data streams of modified DSO signals referred to as CTSU iqiuts 76 . Each 
DSO in the CTSU input has been modified by q>pending a ninth bit vdxich can carry 
mtiltifiame tioiing, signaling information and control/status messages (Figure 9). 
This modified DSO is refetred to as a ""DSO^." The ninth bit signal (MBS) carries a 
pattemi^ch is updated each frame and rq^eats evexy 24 fiames. This maps each 
64 kbps DSO from the network into a 72 kbps DS(H-. Thus, the twenty-four DSO 
channels available on each DSl are formatted along with overhead information into 
twenty-four DSO+ channels on each of four CTSU irqnit streams. 

Hie ninth bit signaling (NBS) is a mechanism developed u> carry the 
multifime timing, out«of*band signaling bits and miscellaneous status and control 
information associated with each DSO between the DSIU and the channel units. Its 
main functions are to carry the signaling bits to channel units 103 and to {mvide a 
muitifirame clock to the channel units 103 so that they can insert upstream bit 
signaling into the DSO in the correct firame of the muitifirame. Because downstream 
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DSOs may be cotoing from DSls which do not share the same multifiame phase 
each DSO must carry a multifiame clock or marker which indicates the signaling 
frames associated widi &e origination DSl . The MBS provides this capability. 
Ninth bit signaling is transparent to the OFDM modem transport of the 
communication system 10. 

Up to eight DSIUs 48 may be equipped in a siz^e HDT 12; including seven 
active DSIUs 48 and a {mtection DSIU module SO. Thus, 32 CTSU inputs are 
connected between dte DSIUs and the CTSUs 54 but a maximum of 28 can be 
enabled to carry trafBc at any one time. The four remaining CTSU inputs ait from 
either the protection DSIU or a &iied DSIU. The FSTU includes switch control for 
switching the protection DS 1 U 50 for a failed DS I U. 

Each CTSU input is capable of carrying up to 32, 10-bit channels, the first 24 
channels carry DSOH and the remaining bandwidth is unused. Each CTSU input 76 
is clocked at 2.56 Kft^ and is synchronized to the 8 kHz internal frame signal 
(Figure 1 1). This corresponds to 320 bits per 125 \isec fiwne period. These 320 bits 
art framed as dK>wn in Figure 9. The fourteen gqp bits 72 at die beginning of the 
frame cany only a single activity pulse in the 2nd bit position, the remaining 13 bits 
are not used. Of fte following 288 bits, the first 216 bits nonnally cany twenty-four 
DSO+ chaxmels where each DSO^ corresponds to a standard 64 kl^s DSO channel 
plus the additional 8 k^ signaling bit Thus, each DSO^ has a bandwidth of 72 
kbps (nine bits every 8 kHz frame). The remaining 72 bits are reserved for 
additional DS&4- payload channels. Hie final ei^teen bits 74 ofthe frame are 
unused gq> bits. 

The clock and time slot interchange unit 54 (CTSU) of the HDT 12 takes 
information from tq) to 28 active CTSU input data streams 76 and cross-connects 
them to 19 to twenty-four 32-channel, 2.56 Mbps output dau streams 78 which are 
mput to the coax master units (CXMUs) 56 of the HDT 12. The format of the data 
streams between ^ CTSU 54 and the CXKfUs 56 is referred to as a CTSU output. 
Each CTSU output can also cany up to 32, 10*bit channels like the CTSU input 
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Tlicfim 28 cany traffic ind the remaining bandwidth B Each CTSU 
outp»« is docked at 2i6 Mbps and is synchronized to the 8 kHz intend 
signal oftheHDT 12 (Figure H). This corresponds to 320 bits per 125 jisec frame 
period. Tlicfiamestnictureforthe320bit$aieasdescra)edabovefortheCTSU 

input structure. 

The HDT 12 has the capabUity of time and space manipulation of quarter- 
DSC packets (16 kbps). TTus fimction is implemented with Ac time slot interchange 
logic thai is part of CTSU 54. Tlie CTSU implements a 4096 x 4096 quaiter-DSO 
cross<onnca function, although not all time slots aieutlliad. In normal operation, 
the CTSU 54 combines and relocates up to 672 downstream DS04- packets (or up to 
2688 quartcr-DSO packets) arranged m 28 CTSU inputs of 24 DSOn each, into 720 
DSO+ packets (or 2880 quarter-DSO packets) arranged as 24 CTSU outputs of 32 
DSO+seach. 

TTie system has a maximum throughput of 672 DSO+ packets ai the network 
interface so not all of the CTSU output bandwidth is usable. If more than the 672 
dianneU are assigned on the "CTSU ouQ>ut" side of the CTSU. this implies 
concentration is being utilized. Concentration is discussed further below. 

.Each CXMU 56 is connected to receive eight active CTSU outputs 78 from 
the active CTSU 54. eight CTSU outputs are clocked by a 2.56 MHz system 
clockandeachcarriesupto32DS0+*asdescribedabove. The DSOH are further 
processed by the CXMU 56 and a tenth parity bit is appended to each DSO^- 

resulting in a 10 bit DSO+. These 10 bit packets contain the DSO, the NBS (ninth 
bit signal) and the parity or data integrity bit (Figure 10). Tl»e 10 bit packets are the 

datatransmittedontheHFCdistributionnetworklltotbelSUslOO. TljelOthbit 
or data integrity bit mserted in the downstream channels is decoded and checked at 

the ISU and utilized to calculate and generate a parity bit for corresponding channels 
in the upstream as described above. This upstream parity bit which may be 
represenuttive of an error in the downstream or upstream channel is utilized to 
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provide channd protectioo or moaitoring as further described herein. 

CTSU S4 is also capable of applying a conventional Reed-Soioman code to 
tnuismittedpayload data for ninnixig error corned Such codes cany an overhead 
v^ch must be borne by the inclusion of error-correcting symbols in each block or 
message transmitted Generally, two check symbols are required to correct one 
corrupted data symbol in a message. (The incorrect symbol may contain any 
number of errors in its 5 bits, as loi^ as all bit errors are confined to ^same 
symbol. But even a single ii^rrect bit in each oftwo symbols counts as two 
errors.) Short messages inqx>se less coii^)Utational overhead on a system, but can 
correct fewer errors in the message. Conversely, long messages require more 
computation and more latency before the corrections can be applied, but their error- 
correction ability is greater. Figure 54 represents, for an example system, the 
probability of an uncorrectable error in a firame for various error probabilities in one 
individual symbol. The solid curve shows the error performance for a 21*&ame 
message having 19 frames of data symbols and two frames of error<orrection code; 
the dashed curve represents a 41*fiame message having 37 data and four code 
fiames; the dotted curve gives the best performance, with 73 data fiames and eight 
code frames in an 81*frame message. 

The present system allows a choice of different exror^correction abilities for 
dififerent types of data. For example, voice data is highly redundant, and needs little 
defense against errors. Financial transaction data, on the other hand, wants a large 
degree of data inlegrity. In addition, it may be desirable to allow a user to select - 
and pqr for -^tftever degree ofetTor correction that he desires. CTSU 54, 
Figure 3, includes a convendooal ^provisioning table**, which specifies a number of 
parameters relating to particular payload channels. Figure 55 shows a provisioning 
table 441 1 having an added colusm containir^ indications for several different 
amounts of error protection. In method 4410, step 4412 reads the entry for a 
particular channel to be set up. In this implementation, the entry may specify 
message lengths of 21, 41, or 81 bits, respectively having the ability to correct 1, 2, 
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or 4 symbols; die catty may also specify oo cortectioiu in whidi case message 
blocks do not i^ply. Stq) 4413 encodes the table entry in an IOC message and 
sends it to the ISUvidiose address appears in thai row of table 4111. A general* 
purpose processor in CXSU 102 of die ISU stores the framejengtb in step M As 
the CXSUrecdves data from modem lOUFigure 8, it decodes the frames of an 
entire message, 441 5, then decodes the check symbols fof &e message. 4416, and 
signals an error, 4417, ifone exists in d^ message. Stq>s 4415*4417 rqieat for 
subsequent messages. The ISU employs the same imcess to send frames upstream 
to the bead eiid, using tte frame lengdi setting specified in step 441 4. 

Within both CXSU 102 at the ISU and the CXMU, Figure 12 at the HDT, a 
21*frame message or block requires 19 symbol or frame times to decode the 
message, then has two frames of Utet^ ^^e its two check symbols are decoded. 
A 41-frame message uses four frames of time for computation of any errors from the 
four check symbols following its 37 data symbols. An S t •frame message presents 
any error indication 8 frame times after the end of its 73 data frames. (One extra 
frame of delay is imposed in the downstream direction due to remapping at the 
HDT.) If all messages were to start at the same time for all channels in an entire 
band, the computational load in the HDT would peak during the check*symbol 
frames, and would be lower at other times. Since the processor must be capable of 
handling the peak loads, its power is underutilized at other times. 

The present system allows a lower-capacity processor to handle error 
correction by staggering die beginning times of different messages in different 
subbandsofchannds, so ^t not all ofthem come due at the same time. Thatis,the 
start of a message in any cfaaimel of a subband is offset from the start of a message 
or *'multiframe** signal, to be described, by a predetermined number of frame times 
of 125^sec. each. The table below shows how the 24 subbands of Figure 16 are 
offset, for each message length which can be selected. 
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Only 13 subbaod settisgs art requiitd, mce no unit tuzM^ more than 130 channels* 
Giving all 1 0 channels of each subband the same ofi&et does not overioad the 
processors of the remote units. However, the head end (HDT), which receives and 
transmits all channels* can enjoy significant relief from not having to encode or 
decode Aechedc symbols for all channels at the same time. 

Figure 56 shows st^ 4120 for performing frame staggering. Step 4421 
repeats metibMxl 4420 for all active payload channels. Step 4422 accesses the 
current messages for the channels id one subbandT Step 4423 calculates the 1 , 2, or 
4 Reed*Soloman chedc words for the 2K 41» or 81 message data words. Step 4424 
waits N frames past the stait of a multiframe, v^ereupon step 4425 sends the 
message to modem 82» Figure 3 for transmission. 

At a remote ISU, CXSU perfonns the same steps 4420 for upstream 
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messages. St^ 4422 is ttquired only in aa MISU, because aU chaxuieU m 
reside in the same subbaad. Method 4420 may be performed at both ends of tbe 
system* as described herein; it may also be perfooned only as one end* either HDT 
orlSU. Staggering from the ISU to tbe HDT is preferable if only one end is 
staggered, because the most critical processing load is ibt error-correction of all 240 
channels in the upstream receiving modemt Figure 26. 

The use of erFor-conecting codes along ivitfa uneacoded data raises problems 
in a real-time transport system. Data arrives from tiie trunk line 20» Figure 1, at a 
constantrate. Tliis data must be transmitted downstream in d« same tiiM duration, 
whether it is encoded along the way, or sent unencoded Likewise, upstream data 
usually must be transmitted at the same rate Misether or not it is encoded Thatis, 
the use of error^correcting codes must be time-transparent at both ends of the 
system. But em>r«coirecting codes require tbe transmission of check digits or 
symbob along with the data. Tbe present system resolves this difficulty by packing 
the data words differently if they are encoded As explained above, the basic 
unencoded word length for a DSO^ channel is ten bits: eight data bits, a signaling 
(NBS) bit, and a parity bit When encoding is used however, this fonnat is changed 
to nine-bit words, with a single parity bit for the entire message. This is the reason 
for tbe choice of frame sizes for the encoded modes. A 21 -frame message contains 
19 data frames, wbich would ordinarily be ttansmittcd as 10>^19«190 bits. Those 
same data frames, packaged as nine-bit words along with two nine-bit check words, 
require (19^2))(9*1S9 bits; adding one more parity bit covering the entire message 
lock gives 190 bits, tbe same number as that required for tbe unencoded version of 
the same data. The 41-frame message has 37 frames of data, or 370 bits in 
unencoded 10-bit format Encoded as 37 nine-bit-^ords along with four check 
words, the same message requires (37'M)'(9«369 bits; again, a single additional 
parity bit yield the 370 bits of the same data in unencoded form. The 8 1 -frame 
fonnat has 73 data words, 8 dieck words, and a parity bit, yielding the same 
number of bits as 73 data words in 10-bit form. 
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There are nuay other omlnattioos of oumbers i^cb yidd sunilar results. 
These cu be fouiidbeuristicallywi^mt great ded of e)9erii^ Thefiist 
step is to estiffiBie rough oumbers of large (parity^beariflg) words ui one or flsore 
inessage sizes, and the tiuinba of errors desired to be correctable for each si^ The 
next step is to determine a number of smaller (non-parity) words that carry the same 
amount of data, but which form a total message the same nze or slig^y smaller 
than the total number of bits in the targe-word format Any excess bits then are 
assigned to parity over the blodc - or to any other function, for that matter. For 
example, if two bits are left over instead of one for each message, they could 
represent two parity bits over tiie message* two control or fbtmat-designation bits, 
etc. The use ofcheck symbols, ofcouise, greatly reduces the need for parity or 
other forms of error detection. In &ct, while the present system uses &e message- 
parity bit as parity in the downstream direction, die ISU deliberately sets the parity 
bit to an incorrect value in an tq>stream message if it was incorrect in tl^ 
downstream message. This serves to signal the HDT that a bit error was 
encountered, when the HDT would not othenvise be aware of it; this in turn allows 
the HDT to keep more accurate statistics on channel quality for reallocating 
channels, or fior other purposes. 

Figure 57 shows a method 4430 for adding the ''code packing** feann to the 
method 4420 of Figure S6. Step 443 1 repeats the steps for all channels. Step 4432 
determines whither the data for the charmel is to be encoded or not Iftx)t,step 

4433 merely transmits it word-by*word to the modem. If it is to be encoded, step 

4434 strips the parity (or other) bit(s)firom each word. After step 4435 has fonned 
the check words, step 4436 calculates the message-wide parity, or other desired 
functicm. Thereafter, step 4437 waits the proper number of frame times (as specified 
by method 4420, and step 4338 sends the message to the modem as before. 

In the upstream direction, the reverse path through the HDT is substantially a 
mirror of the forward path through the HDT 12. For example, the tenth parity bit is 
processed at the CXMU 56 and the signal from the CXMU 56 to the CTSU 54 is in 
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aef(nniatofFigure9. 

Hie round trip delay of a DSO is the same for every data path. The time delay 
over die path 6om die downstream CTSU output, through CXMU 56, over die HFC 
distribution network to the ISU 100 and then fiom die ISU 100, back over die HFC 
distribution network 1 1 » dixougb CXMU 56 and to CTSU 54 is controlled by 
upstream synchronizatioQ, as described in detail below. Generally, path delay is 
measured for each ISU and if it is not the correct number of frames long, die delay 
lengdi is adjusted by adding delay to die padi at die ISU 100. 

Coax Maatcr Unit f CXMU) 

The coax master unit 56 (CXMU), shown in Figure 3^ includes the coax 
master card logic 80 (CXMC) and the master coax card (MCC) modem 82. As 
previously described, to six CXMUs may be equipped in an HDT 12. The 6 
CXMUs 56 include three pairs of CXMUs 56 with each pair providing for transmit 
ina6MHzbandwiddi. Each pair of CXMUs 56 includes one active CXMU and a 
standi^CXMU. Thus, one to one protection for each CXMU is provided. As 
shown in Figure 3, both CXMUs of the pair are provided with upstream telephony 
data frmn die upstream telephony receiver 16andarecq)able of transmitting via the 
coaxial line 22 to die downstream telephony transmitter 14. As such, only a control 
signal is required to provide for the one*to«one protection indicating which CXMU 
56 of the pair is to be used for transmission or reception. 

Coax Kfastcf Cjtfd Loyic (CXMC\ 

The coax master card logic 80 (CXMC) of the CXMU 56 (Figure 12). 
provides the inter&ce between the data signals of the HDT 12, in pardcuiar of the 
CTSU S4» and the modem interface for transport of data over the HFC distribution 
network 1 1. The CXMC 80 interfaces direcdy to die MCC modem 82. The CXMC 
80 also implements an ISU operations channel transceiver for multi*point to point 
operation between die HDT 12 and all ISUs 100 serviced in die 6 MHz bandwiddi 
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in which die CXMU 56 controls tnmspon of data withia Refening to Figure 12* die 
CXMC includes controller and logic 84, downstream data conversion 88, upstream 
data conversion 90, data integrity 92, IOC transceiver 96, and timing generator 94. 

Downstream data conversion 88 performs the conversion from the nine»bit 
channel format from CTSU 54 (Figure 9) to the ten^t channel format (Figure 1 0} 
and generates the data integrity bit in eadi downstream channel transported over the 
HFC distribution network II. The data integrity bit represents odd parity. 
Downstream data conversion 88 is comprised of at least a FIFO buffer used to 
remove the 32 gap bits 72, 74 (Figure 9) present in tbc downstream CTSU outputs 
and insert dse tenth, data integrity bit, on each channel under control of controller 
and logic 84. 

The iq)StTeam data conversion 90 ixKludes at least a FIFO buffer which 
evaluates the tenth bit (data integrity) ^>pended to each of the \q>stTeam channels 
and passes this information to the data integrity circuitry 92. The iqsstream data 
conversion 90 converts the data stream of ten»bit dutnnels (Figure 10) back to the 
nine^btt channel format (Figure 9) for application to CTSU 54. Such conver^on is 
performed under control of controller and logic 84. 

The controller and logic 84 also manages call processing and channel 
allocation for the telephony transport over the HFC distribution network 1 1 and 
maintains traffic statistics over the HFC distribution network 1 1 in modes where 
dyrumoic time-slot allocation is utilized, such as for providing TR-303 services, 
concentration services commonly known to those skilled in the art In addition, the 
controller 84 maintains error statistics for the channels in the 6 MHz band in which 
the CXMU transports data, provides software protocol for all ISU operations 
channel commimications, and provides control for the corresponding MCC modem 
82. 

The data integrity 92 circuitry processes the output of the tenth bit evaluation 
of each upstream chazmel by the upstream conversion circuit 90. In the present 
system* parity is only guaranteed to be valid on a jmvisioned channel which has a 
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call in progress. Because initialized and activa^ 

down the ISUs ait idle, the parity evaiuadon perfonned by the CXMC is not 
always valid ' A parity exTor detected indicates dtber a transmis^ 
upstream channel or a transmission error in a downstream channel coneq)onding to 
the upstream channel 

The ISU operations channel (LOC) transceiver 96 of the CXMC 80 contains 
transmit buffers to hold messages or control data fiom Ae controller and logic S4 
and loads these IOC control messages which art a fixed total of 8 bytes in length 
into a 64 kbps channel to be provided to the MCC modem 82 for transport on &e 
HFC distribution network U. In this implementation, ail IOC dumnels cany the 
same informatioD at all times* That is« ^ IOC messages are broadcast 
simultaneously over all the channels. This allows the use of inexpensive and rugged 
narrow-band modems in tl» ISUs, reserving the more expensive and critical 
wideband models for &e HDT, which uses only one modem for an entire 6MHz 
band, and which can be located centxally in a controlled environment In the 
upstream direction, the IOC transceiver receives die 64 kbps channel via the MCC 
modem S2 which provides the controller and logic 84 with such messages. 

The timing generator circuit 94 receives redundant system clock iiq)uts from 
both the active and protection CTSUs 54 of the HDT 12. Such clocks include a 2 
kHz HFC multiframe signal, wiiich is generated by the CTSU 54 to synchronize the 
round trip delay on all the coaxial legs of the HFC distribution network. This signal 
indicates multiframe alignment on the ISU operations channel and is used to 
synchronize symbol timing and data reconstruction for the transport system. A8 
kHz fiame signal is provided for indicating the first "gi^** bit of a 2.56 MHz, 32 
channel signal from the CTSU 54 to the CXMU 56, A 2.048 MHz clock is 
generated by the CTSU 54 to the SCNU 58 and the CXMU 56. The CXMU 56 uses 
this clock for ISU operations channel and modem communication between the 
CXMC 80 and the MCC modem 82. A 2.56 MHz bit clock is used for transfer of 
data signals between the DSlUs 48 and CTSUs 54 and the CTSUs 54 and CXMCs 
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56. A 20.48 MHz bit clock is utilized for transfer of the lO-bit data channels 
between the CXMC and the MCC 

Maacr Cmx Card fMCC) Modem 

Hie master coax caid (MCC) modem 82 of ^ CXMU S6 interfaces on one 
side to the CXMC 80 and on the other side to the telq>bony nansmitter 1 4 and 
receiver 1 6 for transmission on and reception frwtn the HFC distribution network 1 1 . 
The MCC modem 82 inq>Iemems the modem functionality fK OFDM transpon of 
telephony data and control data. The block diagram of Figure 3 identifies the 
assodated interconnects of tiie MCC modem 82 for both i^stream and downstream 
communication. The MCC modem 82 is not an independent module in the HDT 12, 
as it has no inter&cc to Ac HDT 1 2 other than through the CXMC 80 of the CXMU 
56. The MCC modem 82 represents the transport system logic of the HDT 12. As 
such, it is responsible for implementing all requirements associated with information 
transportoverthe HFC distribution network 11. Each MCC modem 82 of the 
CXMUs 56 of HDT 12 is allocated a maximum bandwidth of 6 MHz in the 
downstream spectnun for telephony data and control data transport. The exact 
location of the 6 MHz band is provisionable by the CXMC 80 over the 
communication tnter&ce via the IOC transceiver 96 between the CXMC 80 and 
MCC modem 82. The downstream transmission of telephony azul control data is in 
the RF spectrum of about 725 to 800 MHz. 

Each MCC nuxlem 82 is allocated a maximum of 6 MHz in the upstream 
spectnmi fat receipt of control data and telephony data from the ISUs within the RF 
spectrum of about 5 to 40 MHz. Agaia the exact location of the 6 MHz band is 
provisionable by the CXMC 80 over the communication interface between the 
CXMC 80 and the MCC modem 82. 

The MCC modem 82 receives 256 DSO+ channels from the CXMC 80 in the 
form of a 20.48 MHz signal as described previously ^ve. The MCC modem 82 
transmits this information to all the ISUs 100 using the multicarrier modulation 
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technique based on OFDM as pi^ously discussed iMre^ The MCC modem 82 
also recovers 256 DS(K multicamer channels in the iq)5tream transmission over the 
HFC distribution network and converts this information into a 20.4S Mbps stream 
which is passed to CXMC 80. As described imviousiy. the multicarrier modulation 
technique involves encoding the telephony and control data, such as by quadrature 
amplitude modulation^ into symbols, and then performing an inverse &st Fourier 
transform technique to modulate the telephony and control data on aset of 
orthogonal multicarriers. 

Symbol alignment is a necessary requirement for the multicarrier modulation 
technique implemented by the MCC modem 82 and the ISU modems lOI in the 
ISUs 100. In the downstream direction of transmission, all information at an ISU 
100 is generated by a single CXMU 56, so the symbols modulated on each 
multicarrier are automatically phase aligned. However, iq>stream symbol alignment 
at a receiver of &e MCC modem 82 varies diie to the multi-point to point nanire of 
the HFC distribution network 1 1 and the unequal delay paths of &e ISUs 100. In 
order to mnx\m\7t receiver efSciency at the MCC modern 82, all iq)stream symbols 
must be aligned within a narrow phase margin. This is done by utilizix^ an 
adjustable delay parameter in each ISU 100 such that the symbol periods of all 
chazmels received i^)stream from the different ISUs 100 are aligned at the point they 
reach the HDT 12. This is part oftheiq>stream synchronization process and shall be 
described further below. In addition, to maintain orthogonality of the multicarriers, 
the carrier frequencies used for the upstream transmission by the ISUs 1 00 must be 
frequency locked to die HDT 1 2. 

Incoming downstream information from the CXMC 80 to the MCC modem 
82 is frame aligned to die 2 kHz and 8 kHz clocks provided to the MCC modem 82. 
The 2 kHzmulti»frame signal is used by the MCC modem 82 to convey downstream 
symbol timing to the ISUs as described in further detail below. This multiframe 
clock conveys the channel correspondence and indicates the multi<anier frame 
structure so that the telef^ny data may be correctly reassembled at the ISU 100. 



64 

Two kHz tq>rese&ts tbe greatest conunon fa^ 
symbol rate) and '8 kHz (the data frame xaie). 

All ISUs 100 will use ttie synchronizatioD infotmadon inserted by the 
associated MCC modem S2 to recover all downstream timing required by the ISUs 
100. This synchronization allows the ISUs 100 to demodulate the downstream 
information and modulate the tq>stream transmission in such 100 
transmissions received at the HDT 12 are synchronized to Ac same reference. Thus, 
the carrier frequencies used for all ISU 100 upstream transmission will be 
frequency locked to the HDT 12. 

The symbol aligoment is performed over synchronization duumels in the 
downstream and upstream 6 MHz bandwidtfas under the responsibility of the MCC 
modem 82, in addition to providing path delay adjustment, initialization and 
activation, and provisioning over such synchronization channels until initialization 
and activation is con^iete as further described herein. These parameters are then 
tracked by use of &e IOC channels. Because of their importance in the system, the 
IOC channel and synchronization channels may use a different modulation scheme 
for transport of control data between the MCC modem 82 and ISUs 100 which is 
more robust or of lesser order Qess bits/sec/Hz or bits/symbol) than used for 
transport of telephony datau For example, the telephony data may be modulated 
using quadrature amplitude modulation, while the IOC channel and syncfaronizatioQ 
channel may be modulated utilizing BPSK modulation techniques. 

The MCC modem 82 also demodulates telephony and control data modulated 
on multicarriers by the ISUs 100. Such demodulation is described further below 
with respect to the various embodiments of the telephony transport systezxi. 

Functions with respect to the OFDM transport system for which the MCC 
modem 82 is responsible* include at least the following, which are further described 
with respect to the various embodiments in further detail. The MCC modem 82 
detects a received amplitude/level of a synchronization pulse/pattern from an ISU 
100 within a synchronization channel and passes an indication of this level to the 
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CXMC 80 over the communication inter£ice therebetween. The CXMC 80 then 
provides a command to the MCC modem 82 for transmission to the ISU 100 being 
leveled for adjustmem of the amplitude level thereof. The MCC modem 82 also 
provides for symbol alignment of all the upstream multicairiers by correlating an 
upstream pattern modulated on a synchronization channel with respect to a known 
symbol boundary and passing a required symbol delay conection to the CXMC 80 
over the communication interface therebetween. The CXMC 80 then transmits via 
the MCC modem 82 a message downstream to die ISU 1 00 to adjust the symbol 
delay of the ISU 100. 

Likewise, with regard to syndironizing an ISU 100 for overall path delay 
adjusm^t, the MCC modem 82 correlates an upstream multifiame pattern 
modulated in the proper bandwidth by the ISU 1 00 on the IOC channel with respect 
to a known reference boundary, and passes a required path delay correction to the 
CXMC 80 over the modem interfiKxtbcrebctween. The CXMC 80 then transmits 
via the MCC modem 82 over the IOC channel a message downstream to adjust the 
overall path delay of an ISU 100. 

Summary of Bidirectional Multj^Pomt to Point Telephony Trai^port 

The following summarizes the transport of telephony and control information 
over the HFC distribution network 11, Each CXMU 56 of HDT 12 is provisioned 
with respect to its specific upstream and downstream operating fttquencies. The 
bandwidth of both tpstneam and downstream transmission by the CXMU 56 are a 
maximum of 6 MHz, wi tfa tibe downstream transmission in a 6 MHz band of the RF 
spectrum of about 725*800 MHz. 

In the downstream direction, each MCC modem 82 of the CXMU 56 provides 
elecuical telephony and control data signals to the downstream telephony 
transmitter 14 via coaxial line 22 in its provisional 6 MHz bandwidth. TheRF 
electrical telephony and control data signals from the MCC modems 82 of the HDT 
12 are combined into a conqx)site signal. The downstream telephony transmitter 
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then passes the combined electrical signal to redundant electrical*to^ptica] 
converters for modulation onto a pair of protected downstream optical feeder lines 
24. 

The downstream optical feeder lines 24 carry tiie teiej^ny information and 
control data to an ODN 18. At the ODN 18, the optical signal is converted back to 
electrical and combined with the downstream video information (from die video 
head-end feeder line 42} into an electrical downstream RF cvstpm signal. The 
electrical RF output signal including the telephony infoimatim and cratrol data is 
then fed to the four coaxial distribution legs 30 by ODN 18. All tele;dx>ny 
information and control data downstream is broadcast on each coaxial leg 3 0 and 
carried over the coaxial portion of the HFC distribution network 11. Tbc electrical 
downstream output RF signal is tapped from the coax and terminated on the receiver 
modem 101 of an ISU 100 through diplex filter 104, shown m Figure 8. 

The RF electrical output signals include telephony information and control 
data modulated on orthogonal muiticarncrs by MCC modem 82 utilizing orthogonal 
freqtsency division multiplexing techniques; the telephony information and control 
data being mapped into symbol data and the symbob being modulated on a plurality 
of orthogonal carriers using fast Fourier transform techniq\ies. As the symbols art 
all modulated on earners at a single point to be transmitted to multiple points in the 
system 10» orthogonality of the multicarriers and symbol alignment of the symbols 
modulated on the orthogonal multicarriers are automatically aligned for transport 
over the HFC distribution network 1 1 and the telephony information and control 
data is demodulated at the ISUs 100 by the modem 101. 

The ISU too receives the RF signal tapped from the coax of the coaxial 
portion of the HFC network II. The RF modem 101 of the ISU 100 demodulates 
the signal and passes the telq)hony information and control data extracted to the 
CXSU controller 102 for provision to channel imits 103 as appropriate. The ISU 
100 represents the inter&ce where the telephony information is converted for use by 
a subscriber or customer* 
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The CXMUs 56 of the HDT 12 and the ISUs 100 implement the bidirectional 
multi^point to point telephony transpon system of the communication system 10* 
The CXMUs 56 and the ISU$« therefore, carty out the modem fimctionality. The 
transport system in accordance ivitb the present invention nuy utilize three different 
modems to inclement the modem functionality for the transport system. The first 
modem is the MCC modem 82 ^ch is located in each CXMU 56 of the HDT 12. 
The HDT 12, f<»^ example, includes three active MCC modems S2 (Figure 3) and is 
capable of siq>porting many ISUs 100* representing a multi^int to point transport 
network. The MCC modem 82 coordinates telephony information transport as well 
as control data transport for controlling the ISUs 100 by the HDT 12. For example, 
the control data may include call processing messages^ dynamic allocation and 
assignment messages, ISU synchronization control messages, ISU modem control 
messages, channel unit f>rovisioaing, and any other ISU operation, adminisnation, 
maintenance and provisioning (OAM&P) infonnation. 

The second modem is a single family subscriber or HISU modem optimized 
to si^port a single dwelling residential unit Therefore, it must be low in cost and 
low in power consumptioa The third modem is the multiple subscriber or MISU 
modem, ^ch is required to generally support both residential and business 
services. 

The HISU modem axnl the MISU modem may take several forms. For 
example, the HISU modem and the MISU modem may, as described further in 
detail below with regard to the various embodiments of the present invention, 
extract cmly a small portion of the multicamers transmitted from the HDT 1 2 or a 
larger portion of the multicatriers transmitted from the HDT 12. For example, the 
HISU may extract 20 multicarrim or 10 payload channels of telephony information 
transported from the HDT 12 and the MISU may extract information from 260 
multicarriers or 130 payload channels transported from the HDT 12. Each of these 
modems may use a separate receiver portion for extracting the control data from the 
signal transported by the HDT 12 and an additional receiver portion of die HISU 



68 

modem to extract the telephony information modulated on die multicaniers 
transported ftom the HDT 12. This shall be referred to hereinafter as an out of band 
ISU modem.' The MCC modem 82 for use with an out of band ISU modem may 
modulate control information within the oitbogonal carrier waveform or on carriers 
somcv^diat offset from such orthogonal carriers. In contrast to the out of band ISU 
modem, the HISU and MISU modems may utilize a single receiver for the ISU 
modem and extract both the telephony information and control data utilizing the 
single receiver of the modem. This shall be referred to hereinafter as an in-band 
ISU modem. In such a case, the control data is modulated on carriers within the 
orthogonal carrier waveform but may utilize different carrier modulation techniques. 
For example, BPSK for modulation of control data on the carriers as opposed to 
modulation of telephony data on payioad carriers by QAM techniques. In addition, 
different modulation techniques may be used for upstream or downstream 
transmission for bo* control data and telephony data. For exan^le, downstream 
telephony data may be cnodulated on die carriers utilizixig 256 QAM and tq)stream 
telephony data may be modulated on the carriers utilizing 32 QAM. Whatever 
modulation tedinique is utilized for transmission dictates i^ demodulation 
approach would be used at the receiving end of the transport systeni. Demodulation 
of the downstream telephony information and control data transported by the HDT 
1 2 shall be explained in further detail below with reference to block diagrams of 
different modem embodiments. 

In the upstream direction, eadi ISU modem 101 at an ISU 100 transmits 
upstream on at least one orthogonal multicarrier in a 6 MHz bandwiddi in the RF 
spectrum of about 5 to 40 MHz; the upstream 6 MHz band corresponding to the 
downstream 6 MHz band in which transmissions are received. Hie iqjstream 
electrical tcleptony and control data signals arc transported by tibe ISU modems 101 
to the respectively connected optical distribution node 18 as shown in Figure 1 via 
the individual coaxial cable legs 30. At the ODN 18, the iq)Strcam signals from the 
various ISUs are combined and transmitted opticaUy to the HDT 12 via optical 
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feeder lines 26.. As previously discussed, the upstream electrical signals fitom the 
various ISUs may, in part, be firequcncy shifted prior to being combined into a 
composite upstream optical signal. In such a case, the telephony receiver 16 would 
include corresponding downshifting circuitry. 

Due to the multi-point to point nature of transport over the HFC distribution 
networic 1 1 from multiple ISUs 100 to a single HDT 12, in order to utUizt 
orthogonal frequency division multiplexing techniques, symbols modulated on each 
carrier by the ISUs 100 must be aKgned within a certain phase rnargin. Inaddition, 
as discussed in fcirther detail below, the round trip path delay from the networic 
interftcc62oftbcHDTl2toallISUs 100 and back from the ISUs 100 to the 
networic interface 62 in &e communication system 10 must be equal. This is 
required so that signaling multifiame integrity is preserved throughout the system. 
In addition, a signal of proper aiiq)Uttide must be received at the HDT 12 to pcrfo 
any control functions with respect to the ISU 100, Likewise, with regard to OFDM 
transport from tbcISUs 100, the ISUs 100 must be frequency locked to the HDT 12 
sudi that the multicarricrstranqjorted over the HFC distribution networic 11 are 
orthogonally aligned. Hie transport system implements a distributed loop technique 
for implementing this multi-point to point transport utilizing orthogonal frequency 
division multiplexing as ftather described below. When the HDT 12 receives the 
plurality of multicarricrs which are wthogonally aligned and vMch have telephony 
and control data modulated thereon with symbols aligned, the MCC modems 82 of 
the CXMUs 56 demodulate tibc telephony information and control data from the 
plurality of multicarricrs in their corresponding 6 MHz bandwidth and provide such 
telephony data to tiie CTSU 54 for delivery to the networic interface 62 and tiie 
control data to the CXMC 80 for control of the telephony transport. 

As one skilled in the art will recognize, the spectrom allocations, frequency 
assignments, data rates, channel numbers, types of services provided and any other 
parameters or characteristics of the system which may be a choice of design are to 
be taken as examples only. The invention as described in the accompanying claims 
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contemplates such design choices and they therefore fid! within the scope of such 
claims. In addition, many functions may be implemented by software or hardware 
and either implementation is contemplated in accordance with the scope of the 
claims even though reference may only be made to impiemenution by one or the 
other. 

First Embodiment of Telephony TranspQn Syacm 
The first embodiment of the telephony transpoit system in accordance with 
the present invention shall be described with particular reference to Figures 13*35 
which include block diagrams of MCC modems 82, and HISU modems and MISU 
modems shown generally as ISU modem 101 in Figure S. Such modems implement 
the upstream and downstream modem transport iunctiooality. Following this 
description is a discussion on the theoiy of operation utilizing such modems. 

Refenring to Figure 13, the spectrum allocation for one 6 MHz band for 
upstream and downstream transport of telefdiony information and comrol data 
utilizing OFDM techniques is shown. The waveform preferably has 240 payload 
channels or DSO^ channels vAiidb include 480 carriers or tones for accommodating 
a net data nte of 192 Mbps, 24 IOC channels including 46 carriers or tones, and 2 
synchronization channels. Each synchronization diannel includes two carriers or 
tones and is each ofbct from 24 IOC channeb and 240 payload channels by 10 
unused carriers or tones, utilized as guard tones. The total carriers or tones is SS2. 
The syndironization tones utilized for synchronization functiras as described 
further bebw are located at ^ ends of the 6 MHz spectrum and the pluraUo^ 
orthogonal carriers in the 6 MHz band are separated from carriers of adjacent 6 MHz 
bands by guard bands (S16.0 kHz) at each end ofthe 6 MHz spectrum. Tbeguard 
bands are provided at each end of the 6 MHz band to allow for filter selectivity at 
the transmitter and receivers ofthe system. The synchronization carriers are offset 
from the telephony data or payload carriers such that if the syndironization carrier 
utilized for synchronization during initialization and activation is not orthogonal 
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with Ae otber tones or camtfs wi&in the 6 MHz band, the synchronizauion signal is 
prevented from destroying the stnicture of the orthogonally aligned wavefonn. The 
synchronization to6es are, therefore, outside of the main body of payioad caihers of 
the band and interspersed IOC channels, although the synchronization channel could 
be considered a special IOC channel. 

To minimize the power requirement of the ISUs, the amount of bandwidth 
that an ISU processes is Runimized. As such, the telephony payioad channels and 
IOC channels of the 6 MHz band are interspersed in the telephony payioad channels 
with an IOC channel located every 10 payioad channels. With such a distributed 
technique, wherein subbands of payioad channels greater than 10 include an IOC 
channel, the amount ofbandwidth an ISU "sees" can be limited such that an IOC 
channel is available for the HDT 12 to communicate with the ISU 100. Such 
subband distribution for the spectral allocation shown in Figure 13 is shown in 
Figure 16< There are 24 subbands in the 6 MHz bandwidth wi& each subband 
including 10 payioad diannels with an IOC channel between the Sth and 6tfa 
payioad channels. A benefit ofdistributing die IOC channels throughout tt^ 6 MHz 
band is protection frrainanow band ingress. If ingress destroys an IOC dsannel, 
there are other IOC channels available and the HDT 1 2 can re^une an ISU 1 00 to a 
different porti<m of the 6 MHz band, M/bm an IOC channel that is not corr\q>ted is 
located 

Preferably^ the MISU 66 sees ^^proximately 3 MHz of the 6 MHz bandwidth 
to receive q;> to 1 30 payioad channels which bandwidth also includes numerous IOC 
channels for communication from die HDT 12 to the MISU 66. The HISU 68 sees 
about 100 kHz offte 6 MHz bandwidth to receive 11 channels including at least one 
IOC channel for communication with the HDT 12. 

The primary difference between the downstream and upstream paths are the 
support of downstream synchronization and upstream synchronization. In the 
downstream direction, all ISUs lock to information from the HDT (point to multi- 
point). The initialization and activation of ISUs are based on signals sillied in the 
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upstream synchronization channel During operation, ISUs track the 
synchronization via the IOC channels. In the upstream, the upstream 
synchronization process involves the distributed (multi-point to point) control of 
amplinide, frequency, and timing; although frequency control can also be provided 
utilizing only the downstream synchronization channel as described further below. 
The process of iq)Stream synchronization occurs in one of the two upstream 
synchronization channels, the primary or the secondary synchronization channel 

Referring to Figure 21 , the downstream transmission architecture of the MCC 
modem 82 is shown. Two serial data inputs, approximately 10 Ml^ each, 
comprise the payload data from the CXMC 56 which is clocked by the 8 kHz frame 
clock input The IOC control data input from the CXMC 56 is clocked by the IOC 
clock input, which is preferably a 2.0 kHz clock. The telephony payload data and 
the IOC control dau enter throu^ serial ports 132 and the data is scrambled as 
known to one skilled in the art by scrambler 134 to provide randomness in the 
waveform to be tzansmitted over the HFC distribution network 1 L Without 
scrambling, very high peaks in the waveform may occur» however, if the v^veform 
is scrambled the symbols generated by the MCC modem 82 become sufficiently 
random and sudi peaks are suffidently limited. 

Figure 58 details the operadon of a typical scrambler, such as 134, Figure 21. 
Symbol dock 4501 clodcs a seed pattern through a linear-feedback shift register 
4510 having nine stages, 4510-0 through 4510-8. With XOR gate 451 1 positioned as 
shown, the genexator polynomial is binary ''lOO 010 000**, Ibe seed initiaUy loaded 
into r^iister 4510 at input 4502 is ''1 1 1 001 1 10**. Two identical translation tables 
4520 and 4521 receive two-bit inputs from register 4510 at every symbol time. The 
high- and low-order bits of table 4520 proceed from the outputs of stages 45 1 0-7 
and 4510-6, rejq)ectively. High-order bit 4523 of table 4521 also receives output 
4510-6, but as its high-order bit; stage output 45 10-5 provides its low-order bit 
Logic gales 4530 perfonn an XOR between the five-bit ouQ>ut of table 4520 and the 
uppa five bits of a lO-bit DSO word, ^le gates 4531 do the same for the lower 
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five bits of smc DSO wonL Ouqyuts 4S0S and 4S06 cany the two S*bit 
scrambled symbols for the DSO word. Each descrambler such as 176, Figure 22 or 
23, is identical to its corresponding scrambler. It recovers die original bit pattern of 
each symbol by decoding it with the same polynomial and seed. 

The polynomial and seed for register 4510 of the scramblers and 
descramblers selected by known techniques to yield a maximal*lengtfa pseudo- 
random sequence. Inversion of the order of die input bits as between table 4520 and 
table 4521 increases the scrambling of the two symbols of ttie DSO word To 
increase the randomness among different sequence s even more, different scramblers 
in the system have different polynomials and seeds. Randomness could be funfaer 
increased by using more tiban four different tabic entries; however, the added 
complexity overrode the gain, for this particular embodiment Only the payload 
channels are scrambled; die IOC channels are not scrambled. 

The scrambled signals are applied to a symbol mapping function 136, The 
symbol mapping function 136 takes the input bits and maps them into a complex 
constellation point For example, if the ii^ut bits are m^)ped into a symbol for 
output of a BPSK signal, every bit would be mapped to a single symbol in the 
constellation as in the mapping diagram for BPSK of Figure 1 S. Such nuq>ping 
results in in-phase and quadrature values (I/Q values) for the data. BPSKisthc 
modulation technique preferably used for the iq>stream and downstream IOC 
channels and die syncfaremization channels. BPSK encoding is preferred for the IOC 
control data so as to provide robustness in die system as iTCviousIy discussed. For 
QPSK moduiaticKi, every two bits would map into one of four con^lex values that 
represent a constellation point In the preferred embodiment, 32 QAM is utilized for 
teleji^ny payload data, wherein every five bits of payload data is mapped into one 
of 32 constellation points as shown in Figure 14. Such mapping also results in I/Q 
values. As sudi, one DSQ^ signal (10 bits) is rqsresented by two symbols and die 
two symbols are tnmsmitted using two carriers. Thus, one DS(h channel is 
transported over two carriers or tones of 6 MHz spectrum. 
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One skilled in the an will recognize that various nuking or encoding 
techniques may be utilized with different carriers. For example, telephony channels 
carrying ISDN may be encoded using QPSK as opposed to telephony channels 
carrying POTS data being encoded using 32 QAM. Tbertfort, different telephony 
channels carrying different services may be modulated differently to provide for 
more robust xtltpiiony channels for those services that require such quality. The 
architecture in accordance with the present invention provides the flexibility to 
encode and modulate any of the channels differently torn Ibe modulation technique 
used for a different channel. 

Within the frameworic of QAM32 modulation. Figure 1 7 shows a 
constellation which has in^ved characteristics. Here, die in^hase and quadrature 
values are shown encoded by three bits each instead of the four shown in Figure 13; 
their analog values, however, they remain in the ranges •S to -i-S. The constellation 
of Figure 1 7 approadies as closely as possible to an analogy to a Gray code scheme, 
in which a transition from one row to the next and from one colimin to the next 
result in only a single l»t change in the 5«bit symbol code. (The exceptions are four 
transitions from the first column to the second, and from the fifth to the sixth, which 
have two transitions each. The corner cells have zero transitions between these 
columns, which do not detract from the advantages of the scheme.) If a symbol is 
received incorrectly after transmission, the most likely error is a slight change in 
either amplitude or phase. If the bit strings represented by the symbob have as few 
bit transitions as possible for singie-value phase and amplitude changes, then a 
reception error will create fewer bit errors on the final digital output That is, small 
(symbol) errors in produce small (bit) errors out 

The constellations shown in Figures 14 and 1 7 use all points of a six-cell 
square except the four comers. Hence, they have two axes of symmetry, and appear 
identical when rotated by 90*, 180*, and 270*, If a phase error ever exceeds 45*, 
an at^pted correction may pull the phase to an incorrect orientatioa This is called 
four-fold phase ambiguity. However, deliberately using one and only om of d^e 
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coiner points as a valid symbol {mvides a key for identifying the correct phase for 
enors as great as a full ISO*. For example, designating the symbol for **16** as 
I-OlO (+5) and Q-OlO (+5) instead of the I-OOl. Q-OlO (+3, +5) in Figure 17 
introduces a symbol at this comer point whenever a*"!^ is sent )q)str6am or 
downstream. Because only one comer is used, any received value having both I and 
Q values ±5 requires {Aiase rotation until I«^5 and 0^5. lUs assignment also 
preserves the neariy Gray-code structure of the constellation* 

Any other symbol assignment which breaks Ae symmetry of the constellation 
would produce the same effect Even a constellation retaining only one axis of 
symmetry would allow twice ^ phase-correctioQ range of the constellatioQ of 
Figure 1 7. For example, using both the upper left and lower right comers as valid 
symbols allows correction of jrtiase errors up to 90*. 

Each symbol that gets represented by the I/Q values is mapped into a fast 
Fourier transforai (FFT) bin of symbol buffer 138. For example, for a DSCH-, 
running at 8 kHz fiame rate, five bits are mapped into one FFT bin and five bits into 
another bin. Eachbinormemory location of the symbol buffer 138 lepresents the 
payload data and control data in the frequency domain as I/Q values. Onesetof 
FFT bios gets mapped into the time domain through the inverK FFT 140, as is 
known to one skilled in the azt The inverse FFT 140 maps the complex I/Q values 
into time doinain samples corresponding to the number of points in the FFT. Both 
the pay load data and IOC data are mapped into the buffer 1 3 8 and transformed into 
time domain samples by the inverse FFT 140. The number ofpoints in the inverse 
FFT 140 may vary, Init in the prefened embodiment ^ number of points is 256. 
The output of die inverse FFT 1 40, for a 256 point FFT, is 256 time domain samples 
of the waveform. 

In conventional practice, buffer 138 clocks symbols into inverse FFT 140 at 
exactly the same rate that inverse FFT 1 40 clocks out the in-phase and quadrature 
values FFT I and FFT Q in Figure 21. To put the matter another way. the 256 
digital waveform saQq)les from buffer 138 represent 360*, or 2tc nidians, of a QAM 
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32 wavefonn having the amplitude and phase of the 5 bits of its symbol as 
determined by mining unit 136. The FFT I and Q outputs represent 256 samples 
of a frequency spectrum contspondii^ to the same time period. At the receiving 
end, however, any misalignment at all in the phase syxtchronization causes FFT 170, 
Figure 22, or 1 80, Figure 23, to decode a portion of a previous or $i^)sequent 
symboFs waveform along vfi^ some^^ less than the full cycle of iht desired 
symbol; this intersymbol interference can cause misreading the symbol as a different 
valid symbol, resultiiig in as many as five bit enors. 

In a imsratly preferred embodiment, the 256 samples clocked into inverse 
FFT 140 represent an esOra 45* (ic/4 radians) above a complete cycle. Another way 
to think of this is ftat tiie symbols are clocked into the FFT at an efifective 9 kHz 
rate, and clocked out at the oomizud 8 kHz symbol rate. Figure 52 shows an 
unmodulated sine wave, le., one having M, QK> in the units used berd^ Tht 
upper portion shows one cycle, 0*360% at the nominal 8 kHz fiame rate. Tbelower 
portion shows the same wave at a 9 kHz rate, so that the amount of time previously 
occipiedby 360* now takes tq) 405* of phase - £rom -22.5* to ^^382.5*. 
Obviously, there are phase discontinuities between succesdve cycles of the wave. 
Figure 53 diows a typical QAM 32 wave modulated at a different amplitude and a 
slightly different phase fiom those of Figure 52. Tliese might correspcMid to, say, 
I"^l« 0*^1 in die scheme used herein. The small portions at the ends of this wave 
represent unmodulated cycles, as in Figure 52. The phase oftfiis wave is advanced 
from the corresponding wave of ttie lower portion of Figure 52; it does not cross the 
zero axis at 0* azid 180* of its proper cycle. It does, however, include the extra 
22.5 * of excess phase at each end, for 45 extra over an 8 kHz cycle. Again, a 
phase discontinuities exist at the ends of the total 405* phase degrees of this wave. 

In fact, this characteristic gives the excess*phase improvement an advantage 
over its primary function of providing a guard band for the symbol decoder, for 
reducing intersymbol interference, in Figure 52, successive cycles of a wave 
modulated with the same symbol (or with no symbol), produce a continuous 
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wavefonn witfa.so breaks or other features to distinguish the beginnings and endings 
of individual cydes. The lower part of this diagram demonstrates that even an 
unmodulated excess-jriiase waveform contains cfiscmtinuity features serving as 
markers at the ends of each cycle. A repeating string of idle symbols, or any other 
symbols, likewise produces these markers. In the frequency- and phase-acquisition 
and tracking aspects discussed below, such markers therefore provide definite 
waveform features for synchronizing purposes, without having to guarantee the 
transmission of any special string of varying characters strictly for synchronization. 
This saves the overhead of intcm^rting the payload and/or IOC channels to provide 
such a string, and the complexity of storing or diverting payload information while 
the sync string is present It also allows sync to take place at times when, because of 
the above ftctors, it would not be feasible otherwise. 

At the receiving end, FFT 170 (in an KflSU) or 180 (HISU) decodes the 256 
time slots for one frame time as 405* of a cycle to symbol decoder 174, which 
matches the cyde to the nearest 5-bit string of Ints. Because any phase difference 
up to ^22.5* will never conflate the proper wave with tfiat for another symbol, no 
intersymbol interference at all occurs within this margin of error in phase tracking. 
This provides a f<mn of guard band for each symbol. In the tjpstream direction, 
units 186, 188, and 190 or 191 {mvide excess i^sase in the transmitting MISU and 
HISU modems of Figures 24 and 25; and the head-end receiving modem of 
Figure 26 decodes and tracks diis phase as described above. 

The inverse FFT 140 has sq>arate serial outputs for ini)hase and quadrature 
(I/Q) con^nents, FFTl and FFTO. Digital to analog converters 142 take the in- 
phase and quadrature components, vAdoh is a numeric representation of baseband 
modulated signal and convert it to a discrete waveform. The signal then passes 
through reconstruction filters 144 to remove harmonic content This reconstruction 
is needed to avoid problems arising from multiple mixing schemes and other 
filtering problems. The signal is summed in a signal conversion transmitter 146 for 
iqxoQverting the I/Q components utilizing a synthesized waveform that is digitally 
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tunable with the in-phase and quadrature cx)tiv)onents for mixing to the ^ipiicabie 
transmit frequency* For example, if the synthesizer is at 600 MHz, the output 
frequency will be at 600 MHr The components are summed by the signal 
conversion transmitter 146 and the waveform including a i^uraUty of oitfaogonal 
carriers is then amplified by transmitter amplifier 148 and filtered by transmitter 
filter 1 50 before being coupled onto the optical fiber by way of telephony 
transmitter 14. Such functions are performed under control of general purpose 
processor 149 and other processing circuitry of block 147 necessary to perfomx such 
modulation. The general purpose processor also receives ISU adjustment 
parameters fiom carrier, amplitude, timing recoveiy block 222 (Figure 26) for 
carrying out distributed loop symbol alignment, frequency locking, amplitude 
adjustment, and pa& delay fimctions as described further below. 

In conventional practice, the relationship between the frequency of a carrier 
and the frequency and timing of data symbols modulated onto thai carrier is 
arbitrary and uninq)ortanL In the present system, however, it has been found that 
even very small frequency drifts between die 8 kHz symbol or frame clock and the 
frequencies of die tones upon «4uch they ride can induce significant intersymbol 
interference and distortion at the receiving end. Such drifts tend to destroy tiie 
orthogonality of the channel signals produced by inverse FFT 140 in Figure 2L The 
present system also, however, provides a single, ine)q)ensive way to overcome this 
problem. Figure 51 shows a portion 4200 of the HDT clock/sync logic m CTSU 54, 
Figure 3. Timing recoveiy loop 4210 produces a single master reference dock 
output at 10.24 MHz. Although loop 4210 could be a free-running oscillator, it is in 
fact slaved to the network 10, Figure 1 . With which 4c entire system conamunicates. 
This connection is convenient in eliminating gross or unpredictable differences 
between the data speeds of the ncrworic and the system. 

Smoothing loop 4220 evens out short-term variations in the signal fiom loop 
4210. Phase cotapaiBtoT 4221 controls a voltage-controlled crystal oscillator at 
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40.96 MHz; divider 4223 provides feedback at the proper frequency. Comparator 
422 1* includes a low-pass integrator which gives i*ase-lock loop 4220 a bandwidth 
of about 130H2- Divider 4230 reduces the frequency of VCXO 4222 to 2.56Mhz. 
A second phase-lock loop 4240 has a phase comparator 4241, again with low-pass 
characteristics, feeding a voluige-controUed oscillator running at 1267.2MHz; 
divider provides feedback at the proper frequency. Divider 4250 produces the final 
RF clock frequency, 9.9MHz4it output 425 U The netwoik dock is sufficiently 
accurate over Icmg periods of time, but it is subject to ngnificant amounts of short- 
period jitter. The large amount of smoothing provided by loops 4220 and 4240 
overcome the intolerance of analog RF con^)onents for sbott-ierm variations. 

Meanwhile, digital divider 4260 divides the master 1 0 Jt4MHz clock by a 
factor ofSO to produce an SkHzsymbol or frame clock output 4261. Output 4261 
does not require the smoodiing, because it clocks cmly digital circuits, which are 
relatively insensitive to short4erm frequency changes. 

RF master clock 4261 imceeds to RF synthesizer 143 in HDT transmitting 
modem 82, as shown in Figure 21, where it directly controU the frequency of tte 
tunable S00-850MHz RF carrier for At entire band carrying all of die channels 
shown in Figures 13 and 16. Symbol clock 4261 proceeds to the frame-clock inputs 
in Figure 21, wiicre it controls the symbol timing, an4 because it also controls the 
FFT speed, ibc frequencies of ^ channels in the entire band Clock lock 4200 thus 
provides a solid link which inherently preserves the orthogonality of the band 
signals in a multicarrier system, by deriving the RF carrier clock and the sjmibol or 
frame clock from the same source. At the same time, it provides a small amount of 
gradual variation for satisfying the demands of the analog RF components. 

The overall purpose of locking the two clocks together at the HDT is to lock 
the carrier clocks and the symbol (frame) clocks throughout the system; and the 
purpose of this in turn is to Reserve the orthogonality of iht signals in a multicarrier 
system which is cs^le of bidirectional (^)eration: that is, as a multipoint-to-point- 
configuration as well as in the usual point*to-multipoint **broadcast** direction. 
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Clock generator 166» Figures 22 and 23, of linaing generator 107, Figure 6 locks to 
the frequencies of the incoming signals to provide the clocks used in the remote ISU 
modules. Therefore, the carrier and frame clocks in each i5)Stream transmitter 
portion. Figure 24, of remote modem 108, Figure 8, are also locked to each other, by 
virtue of being locked to the incoming signal from the HDT. 

At the downstream receiving end, either an MISU or an HISU provides for 
extracting telephony inf onnation and control data from the downstream 
transmission in one of the 6 KfHzbandwidtfas. With respect to the MISU 66, the 
MISU downstream receiver architecture is shown in Figure 22. It includes a 100 
MHz bandpass filter 152 to reduce the frequency band of ^ recdved 600 to 850 
MHz total band broadcast downstream. The filtered signal then passes through 
voltage tuned filters 154 to reinoveom of band interference and further reduce the 
bandwidth. The signal is down converted to baseband frequency via quadrature and 
in-phase down converter 158 where die signal is mixed at complex mixers 156 
utilizing syntfiesizer 157 which is ccMitrolled from an ouQ)ut of serial ports 178, The 
down converted I/Q components are passed tiirough filters 1 59 and converted to 
digital format at analog to digital converters 160. The time domain samples of the 
I/Q components are placed in a sample buffer 1 62 and a set of samples are input to 
down converter compensation unit 164. The compensation unit 164 attempts to 
mitigate errors such as DC o&ets from the mixers and differential phase delays that 
occur in the down conversion. 

Carrier, amplitude azKl timing signaling are extracted fix>m the competisated 
signal, by the carrier, an^litude, and timing recovery block 166 by extracting 
control data from the synchronization channels during initialization and activation of 
the ISU andtiie IOC diannels during tracking as frirthcr described below with 
reference to Figure 33. Tbe compensated rignal in parallel form is provided to fast 
Fourier transform (FFT) 1 70 to be converted into a vector of frequency domain 
elements vAndi are essentially the complex constellation points wi& I/Q 
con^nents originaUy created tq>stream at the MCC modem 82 for the DSO+ 
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channels ^cb the MISU sees. Due to inaccuracies in channel filteringt an 
equalizer 172 renioves dynamic errors that occur during transmission and reception. 
Equalization in the' upstream recover and the downstream receiver architectures 
shall be explained in fiirdser detail below with reference to Figure 35. From the 
equalizer 1 72, the complex constellation points are converted to bits by symbol to 
bit converter 1 74, descrambled at descrambler 1 76 vAick is a mirror element of 
scrambler 134, and the payload telephony information and IOC control data are 
ou^ut by the serial ports 178 to the CXSU 102 as ^wn in Figures. Block 153 
includes the processing c^Mbilities for cazrying out the various functions as shown 
therein. 

Referring to Figure 23, the HISU 68 downstream receiver architecture is 
shown. The primary difference between the HISU downstream receiver architecture 
(Figure 23) and the MISU downstream receiver architecture (Figure 22) is the 
amount of bandwidth being processed. The front ends of the receivers iq) to the FFT 
processing are substantially the same, except during the down conversion, the 
analog to digital ccmverters 160 can be operated at a much slower rate. Forinstance, 
if the bandwidth of the signal being pn>cessed is 1(K) kHz, the sanq>le rate can b^ 
^>jffOximately 200 kHz. In an MISU processing a 3 MHz signal, the sample rate is 
about 6 MHr Since the HISU is limited to receiving a maximum of 10 DSCHs, the 
FFT 180 can be ofa smaller size. A 32 point FFT 180 is preferably used in the 
HISU and can be inq>lemented more efficiently, conQ>ared to a 128 or 256 point 
FFT utilized in the MISU. Therefore, the major difference between these 
architectures is that die HISU receiver architecture requires substantially less signal 
processing cq>ability than the MISU receiver and as sudi has less power 
consumption. Thus, to provide a system wherein power consunqxion at the remote 
units is twmimiw^^ the smaller band of frequencies seen by the HISU allows for 
such low consumption. One reason the HISU is allowed to see such a small band of 
carriers is that the ICX^ channels are interspersed throu^outtiiie 6 MHz spectrum. 

Referring to Figure 24, the upstream transmission ardiitecture for the HISU 
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68tssh0wn. The IOC control data and the telq)bony payload data from 
102 (Figuit 8) is provided to serial ports 182 at a much slower rate in the HISU dum 
in the MISU or HDT transmission architectures* because the HISU si4)pons only 1 0 
DS(H- channels. The HISU upstream transmission architecture implements three 
important operations, it adjusts the amplitude of the signal transmitted, the timing 
delay (both symbol and path delay) of the signal transmitted, and the carrier 
frequency of the sigrud transmitted. The telephony data and IOC coimx>t dau enters 
through the serial ports 182 under control of clocking signals generated by the clock 
generator 173 of the HISU downstream receiver architecture, and is scrambled by 
scrambler 1 84 for the reasons suted above with regard to d)e MCC downstream 
transmission architecture. The incoming bits are mapped into symbols, or complex 
constellation points, including I/Q components in the frequency domain, by bits to 
symbol converter 1 86. The constellation points are then placed in symbol buffer 
188. Following the buffer 1 88, an inverse FFT 190 is lulled to the symbols to 
create time domain samples; 32 samples corresponding to the 32 point FFT. A 
delay buffer 1 92 is placed on the ou^ut of the inverse FFT 1 90 to provide multi* 
frame alignment at MCC modem upstream receiver architecture as a function of the 
upstream synchromzation process controlled by the HDT 12. T)» dday buffer 192, 
therefore* provides a path delay adjustment prior to digital to analog converstOT by 
the digital to analog convoiers 1 94 of the in-pbase and quadrature con^nenu of 
the output of the inverse FFT 190. Clock delay 196 provides a fiM tune adjustment 
for the symbol alignment at the request of IOC control data output obtained by 
extracting control data from ^serial stream ofdata prior to beiiig scrambled. After 
conversion to analog conqwnents by digital to analog converters 194, the analog 
con^nents therefrom are reconstructed into a smooth analog waveform by the 
reconstruction filters 198. The upstream signal is then directly up converted by 
direct converter 197 to the i^^propriate transmit frequency under control of 
synthesizer block 195. Synthesizer block 195 is operated under control of 
commands from an IOC control channel which provides carrier frequency , 
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adjustment coQinaQds thereto as extr^^ 

architecture* The up converted signal is then azq>lified by transmitter amplifier 200, 
filtered by transmitter fiher 202 and transmitted iqistream to be ccmibined other 
signals transmitted by other ISUs 100. The blodc 181 includes processing circuitiy 
for carrying out the fimctions thereof 

Referring to Figure 27, the upstream transmitter architecture for tiie MISU 66 
is shown and is substantially the same as the t^istream transmitter architecture of 
HISU68. However, the MISU 66 handles inmchannds and cannot perform the 
operation on a single processor as can the HISU 68. Therefore, boA a processor of 
block 181 providing the functions of block 181 including the inverse FFT 190 and a 
general purpose processor 206 to supped the architecture are needed to handle the 

increased channel cap&aty. 

Referring to Figure 26, the MCC iq)Stream receiver architecture of each 
CXMU56attfieHDT12isshown. A 5 to 40 MHz band pass filter 208 filters the 
iq>stream signal which is then subjected to a direct down conversion to baseband by 
mixerandsyntheM2€rdrcuitiy211. The ou^ of 4e down conversion is aj^Ued 
to anti*alias filters 210 for c^iditioning tfiereof and the output signal is converted to 
digital format by analog to digital converters 2 ^ 2 to provide a time domain sampling 
of the in*phase and quadrature components of the signal to narrow band ingress 
filter and FFT 112. Tlie narrow band ingress filter and FFT 112. as described 
below, provides protection against narrow band interference that may affea the 

upstream transmission. 

The ingress filter and FFT 1 12 protects ten channels at a time, therefore, if 

ingress affects one of the available 240 DSO^ in the 6 MHz spectrum received by 
MCC modem 82, a yn*y<"^""^ often charmels will be destroyed from the tDgress. 
The ingress filter and FFT 1 12 includes a polyphase structure, as will be recognized 
by one skilled in the art as a common filter techniqxic. It will be further recognized 
by one skilled in the art that the number of channels protected by the polyphase 
filter can be varied The ou^utofthe ingress filter and FFT 112 is cotq}led to an 
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equalizer 214 vAdch provides correction for inaccuracies that occur in the channel, 
such as those due to noise from reference oscillators or synthesizers. The output 
symbols of the equalizer 214, are applied to a symbols to bits converter 216 where 
the symbols are mapped into bits. The bits arc provided to descramblers 218, which 
are a minor of the scramblers of the ISUs 100 and the output of the descramblers are 
provided to serial ports 220. The output of the serial ports is broken into two 
payload streams and one IOC control dau stream just as is provided to the MCC 
downstream transmitter architecture in the downstream direction. Block 217 
includes the necessary processing circuitry for carrying out tiie functions therein* 
In order to detect the downstream information, the amplitude, frequency, 
and timing of the arriving signal must be acquired usii^ the downstream 
synchronization process. Since the downstream signal constitutes a point to multi- 
point node topology, the OFDM waveform arrives via a single path in an inherently 
synchronous tnanner, in contrast to the tQ>stream signal. Acquisition of the 
waveform parameters is initiaUy performed on the downstream synchronization 
channels in the downstmm syndironization bands located at the ends of the 6 MHz 
spectrum. These syndm)nization bands include a single synchronization carrier or 
tone which is BPSK modulated by a 2 kHz framing cIocL This tone is used to 
derive initial amplitude, frequency, and timing at the ISU. The synchronization 
carrier may be located in the center of the receive band and could be considered a 
special case of an IOC. After the signal is received and the receiver architecture is 
tuned to a typical IOC channel, the same circuitry is used to track die 
synchronization parameters using the IOC channel. The process used to acquire the 
necessary signal parameters utilizes carrier, amplitude and timing recovery block 
1 66 of the ISU receiver architecttire, which is shown in more detail in block diagram 
form in Figure 33. The carrier, amplitude and timing recovery block 166 includes a 
Costas loop 330 which is used to acquire the frequency lock for the received 
waveform. After the signal is received from the compensation unit 164, a sample 
and hold 334 and analog to digital conversion 332 is applied to the signal with the 
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ftsulting samples fiom Ifae conveners 332 applied to the Costas loop 330. The 
samplii^ is perfonned under control of voltage controlled oscillator 340 as divided 
by divider 333 which divides by the number ofpoints of the FFT utilized in the 
receiver axdiitecture, M. The mixers 331 of the Costas loop 330 are fed by the 
arriving signal and the feedback path, and serve as the loop phase detectors. The 
outpm of the mixets 331 are filtered and decirnated to reduce the processing 
requirements of subsequent hardware. Given that the recdved signal is band- 
limited, less samples are required to represent the syncfaronizatton signal. If 
orthogonality is not preserved in the receiver, the filter will eliminate undcsircd 
signal components from the recovery process. Under conditions of orthogonality, 
the LPF 337 will completely remove effects from adjacent OFDM carriers. When 
carrier frequency lock is adiieved, the process will reveal the desired BPSK 
wavefonn in the in-phase arm of the loop. The output of the decimators are fed 
through another mixer, then processed through the loop filter with filter function 
H(s) and numerically controlled oscillator (NCO), completing the feedback path to 
correct for frequency error. When the error is at a "small" level, the loop is locked. 
In order to achieve ftst acquisition and minimal jitter during tracking, it will be 
necessary to emfdoy dual loop bandwidths. System operation will require that 
frequency lode is achieved and maintained within about of the OFDM channel 
spacing (360 Hz). 

The amplitude of the signal is measured at the output of the frequency 
recoveiy loop at BPSK power detector 336. The total signal power will be 
measured, and can be used to adjust a numerically controllable analog gain circuit 
(notsbown). T1^ gain circuit is intended to nonnalize the signal so that the analog 
to digital converters are used in an optimal operating regiott 

Timing recovery is performed using an eariy*late gate type algorithm of 
eariy*late gate phase detector 338 to derive timing error, and by adjusting ^ sample 
clock or oscillator 340 in response to the error signal. The early-late gate detector 
results in an advance/retard command during an update interval. This command 
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will be applied to the sample clock or oscillator 340 through filter 34 1 . This loop is 
held off until fr«iuency lock and amplitude lock have been achieved. When the 
tuning loop is locked, it generates a lock indicator signal. The same clocks are also 
used for the upstream transmission. The carrier, timing and amplitude recovery 
block 166 provides a reference for the clock generator 168. The clock generator 168 
provides all of the clocks needed by the MISU, for example, the 8 kHz fiame clock 
and the sample clock. 

Caxtier, aaq>litude, and timing recovery block 222 of the MCC modem 
upstream receiver architecture (Figure 26), is shown by the synchronization loop 
diagram of Figure 34. It performs detection for ^)stream syndronization on signals 
on the upstream synchronization chanr^i. For initialization and activation of an 
ISU, upstream synchronization is performed by the HDT co mm a ndin g one of the 
ISUs via the downstream IOC control channels to send a reference signal upstream 
on a synchronization channel. The carrier, amplitude, and timing recovery block 
222 measures the parameters ofdata from the ISU 100 that responds on the 
synchronization duumel and estimates the frequency error, the amplitude error, and 
the timing error compared to references at the HDT 12. The output of the carrier, 
amplitude, and timing recovery block 222 is turned into adjustment co mm a nd s by 
the HDT 12 and sent to the ISU being initialized and activated in the downstream 
direction on an IOC control channel by the MCC downstream transmitter 
architecture. 

The purpose of Oe upstream synchronization process is to initialize and 
activate ISUs such thai the waveform from distinct ISUs combine to a unified 
waveform at the HDT 12. The parameters that are estimated at the HDT 12 by 
carrier, amplitude, and timing recovery block 222 and adjusted by ^ ISUs are 
amplitude, ttmrng, and frequency. The amplitude of an ISUs signal is normalized so 
that DSO^ are apportioned an equal amount of power, and achieves a desired signal 
to noise ratio at the HDT 12. In addition, adjacent ISUs must be received at the 
correct relative level or else weaker DSO+ channels will be adversely impacted by 
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the tnuisient behavior of the stronger DS(K duomels. If a payload channel is 
transmitted adjacent to another payload channel with sufficient freque: zy error, 
orthogonality in the OFDM wavefonn deteriorates and em>r rate perfonnance is 
compromised. Therefore* the frequency of die ISU must be adjusted to close 
tolerances* Timing ofthe recovered signal also impacts orthogonality. A symbol 
which is not aligned in time with adjacent symbols can {^uce transiticms within 
the part of the symbol that is subjected to the FFT process. If ^ transitions of all 
symbols don't &1I within the guard interval at the HDT, approximately ±16 tones (8 
DSO-Hs) relative to the non-orthogonal channel will be unrecoverable. 

During upstream synchroniTation, the ISUs will be commanded to send a 
signal, for example a square wave signal, to establish amplitude and frequency 
accuracy and to align symbols. The pattern signal may be any signal which allows 
for detection of the parameters by carrier, amplitude and timing recovery block 222 
and such signal may be different for detecting different parameters. For example, 
the signal may be a continuous sinusoid for amplitude and fi!€qt)ency detection and 
coirection and a square wave for symbol tiniing. The carrier, anq>Utude and timing 
recovery block 222 estimates the three disoibuted loop parameters. In ail three 
loops, ^ resulting error signal will be converted to a command by the CXMC 80 
and sent via the MCC modem 82 over an IOC channel and die CXSU will receive 
the command and control the adjustment made by die ISU. 

As shown in Figure 34, the upstream synchronization from die ISU is 
sampled and held 434 and azialog to digital converted 432 under control of voltage 
controiled oscillator 440. Voltage controlled oscillator is a local reference oscUlator 
^ch is divided by M, the points of the FFT in the receiver architecture, for control 
of sample and hold 434 and analog to digital ccmverter 432 and divided by k to 
apply an 8 kHz signal to phase detector 438. 

Freqt^ncy error may be estimated utilizij^ die Costas loop 430. The Costas 
loop 430 attempts to establish phase lock with die locally generated frequency 
reference. After some period of time, loop adaptation will be disabled and phase 
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differoce with respect to die time vnll be The 
frequency eiror is geDcrated by filter function H(s) 444 and provided to tiie CXMC 
80 for processing to send a frequency adjustment command to the ISU via an IOC 
control channel The frequency error is also applied to the numerically controlled 
oscillator (NCO) to complete the frequency loop to correct fi>r frequency error 

The amplitude error is computed based on the magnittjde of the carrier during 
the upstream synchronization by detecting the earner an^litude of tiie in-phasc arm 
of tiie Costas loop 430 by power detector 436. The an^)litude is compared witii a 
desired reference value at reference comparator 443 and tijc error will be sent to the 
CXMC 80 for processing to send an amplitude adjusmient command to the ISU via 
an IOC control channel 

Whoitiie local reference in the HDT has achieved phase lock, the BPSK 
signal on the synchronization channel arriving from ibt ISU is available for 
processing. The square wave is obtained on the in*phase arm of the Costas loop 430 
and applied to eariy-late gate phase detector 438 for comparison to (he locally 
generated 8 kHz signal from divider 435. Hie {riuise detector 438 generates a phase 
or symbol timing error qypiied to loop filter 441 and ouQ>ut via line 439. Tbephase 
or symbol timing error is tiien provided to the CXMC 80 for processing to send a 
symbol Hming adjustment commazKi to tiie ISU via an IOC control channel 

The mechanisms in the ISU ^ch adjust the parameters for upstream 
synchronization include implementing an amplitude change with a scalar 
multiplication of the time domain waveform as it is being collected from the digital 
processing algorithm, such as inverse FFT 190, by the digital to analog ccmverters 
194 (Figure 24). Similariy, a complex mixing signal could be created and 
implemented as a complex multiply applied to the input to the digital to analog 
converters 194. 

Frequency accxiracy of both the downstream sample clock and upstream 
sample clock, in the ISU, is established by phase locking an oscillator to tiie 
downstream synchronization and IOC information. Upstream transmission - 
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frequency is adjusted, for example, at synthesizer block 195 as cotnmanded by the 
HDT 11 

Symbol timing corrections arc implemented as a delay function. Symbol 
timing alignment in the ISU upstream direction is therefore established as a delay in 
the sample timing accomplished by either blanking a sample interval (two of the 
same samples to go out simultaneously) or by putting in an extra clock edge (one 
sample is clocked out and lost) via clock delay 196 (Figure 24). In this manner, a 
delay function can be ccmtroUed without data storage overhead beyond dtat already 
reqmred* 

After the ISU is initsaiized and activated into the system, ready for 
transmission, the ISU will maintain required upstream synchronization system 
parameters u«ng the carrier. ampUtudc, frequency recovery block 222. An unused 
bm initialized and activated ISU wiU be commanded to transmit on a^ 
blodc 222 will estunate the parameteis therefrom as e)q>lained above. 

In both the upstream transmitter ardiitectures for the KflSU 66 (Figure 24) 
and 4e HISU 68 (Figure 25). frequency ofifeet or correction to achieve orthogonality 
of the carriers at HDT 12 can be determined on the ISU as opposed to the frequency 
offset b&ng determined at the HDT during synchronization by carrier, amplitude 
and timing recoveo^ block 222 (Figure 26) and then frequency oflEsct adjustment 
commands being transmitted to the ISU for adjustment of carrier frequency via the 
synthesizer blocks 195 and 199 of the HISU 68 and MISU 66, respectively. Thus, 
frequency error would no longer be detected by carrier, amplitude and timing 
recovery blodc 222 as described above. Rather, in such a direct ISU 
implementation, the ISU, whether an HISU 68 or MISU 66, estimates a frequency 
error digitally from the downstream signal and a correction is applied to the 
upstream data being transmitted. 

The HDT 12 derives all transmit and receive frequencies from the same 
fundamental oscillator. Tljerefore, all mixing signals are frequency locked in the 
HDT. Similariy. the ISU. whether an HISU 68 or MISU 66. derives aU transmit and 
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receive firequencies from the same fundamental oscillator, therefore, all the mixing 
signals on the ISU are also frequency locked. There is, however, a frequency offset 
present in the ISU osdlUton relative to the HDT oscillators. The amount of 
frequency error (vie^ved from the ISU) will be a fixed percentage of the mixing 
frequency. For example, if the ISU oscillator is lOPPM off in frequency from the 
HDT oscillators, and the downstream ISU receiver mix frequency was 100 MHz and 
the ISU upstream transmit mixing frequency were 10 MHz, the ISU would have to 
correct for I kHz on the downstream receiver and create a signal with a 100 Hz 
offset on the iq>stream transmitter. As such, with the ISU direct implementation, the 
frequency offset is estimated from ^ downstream signal. 

The estimation is performed with digital circuitry performing numeric 
calculations, i.e. a processor. San^les of the synchronization channel or IOC 
channel are collected in hardware during operation of the system. A tracking loop 
drives a digital numeric oscillator ^ch is digitally mixed against the received 
signal. This process derives a signal internally that is essentially locked to the HDT. 
The internal numerical mix accounts for the frequency o&et During the process of 
locking to fte downstream signal in ISU» the estimate of frequency error is 
derived and with ^ downstream frequency being known, a fractional frequency 
error can be computed. Based on the kno^edge of the mixing frequency at the 
HDT that will be used to down convert the t^stream receive signal, an ofi^ to the 
ISU transmit frequency is computed. This frequency offset is digitally applied to 
the ISU transmitted signal prior to converting the signal to the analog domain, such 
as by converters 194 of Figure 24. Therefore, the frequency correction can be 
performed directly on the ISU. 

Referring to Figures 31 and 32, the narrow band ingress filter and FFT 112 of 
the MCC iq)Stream receive architecture, including a polyphase filter structure, will 
be described in further detail Generally, the polyphase filter structure includes 
polyphase filters 122 and 124 and provides protection against ingress. The 6 MHz 
band of upstream OFDM carriets from the ISUs 100 is broken into subbands 
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through the polyiihasc filters which provide filtering for small groups of carriers or 
tones, and if an ingress affects carriers within a ptmp of carriers, only thai groiq) of 
carriers is affected and the other gtoups of carriers are protected by such filtering 
characteristics. 

The ingress filter strucnare has two pandlel banks 122, 124 of polyphase 
filters. One bank has approximately 17 different non-overiai^ing bands with 
channel spaces between the bands. A magnitude response of a single polyphase 
filter bank is shown in Figure 29. The second bank is oCbet from the first bank by 
an amount so that the channels that are not filtered by the first bank are filtered by 
the second bank. Therefore, as shown in the closeiq) magnitude response of a single 
polyphase filter bank in Figure 30, one baiKl of channels filtered may include those 
in frequency bins 38«68 with the center carriers corresponding to bins 45-61 being 
passed by the filter. The overlapping filter provides for filtering carriers in the 
spaces between the bands and the carriers not passed by &e other filter banL For 
example, the overlapping filter may pass 28^. The two channel banks are offset 
by 1 6 frequency bins so &at tibe combination of the two filter banks receives every 
one of the 544 channels. 

Referring to Figure 31, the ingress filter structure recdves the sampled 
waveform x(k) from the analog to digital converters 212 and then conq)lex mixers 
1 18 and 120 provide the stagger for application to the polyphase filters 122, 124. 
The mixer 118 uses a constant value and the mixer 120 uses a value to achieve such 
ol&et The ouiqputsofeadi mixer enters one oftbe polyphase filters 122, The 
output of each polyphase filter bank comprises 18 bands, each of which contain 16 
usable FFT bins or eadi band sqaports sixteen carriers at the 8 kHz rate, or 8 DSO+s. 
One band is not utUizsed 

Each band ouqnit of the polyphase filters 122, 1 24 has 36 samples per 8 kHz 
frame including 4 guard samples and enters a Fast Fourier Transform (FFD block 
126, 128. The first operation performed by the FFT blocks 126, 128 is to remove 
the four guard samples, diereby leaving 32 time domain points. The output of the 
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each FFT in the blocks is 32 freqimcy bins, 16 of which are used with she other 
bins providing filtering. The output of the FFTs ire staggered to provide overly). 
As seen in Figure 31. carriers 0* ISareouQHnby FFT#1 of the top bank, carriers 
16 - 31 are output by FFT #1 of the bottom bank, carriers 32 • 48 are output by FFT 
#2 of the top bank and so on. 

The polyphase filters 122, 124 are each standard polyphase filter construction 
as is known to one skilled in the art and each is shown by the structure of Figure 32. 
The input signal is sampled at a 5.184 mega- sample per second rate, or 648 
samples per frame. The inpat is then decimated by a factor of 18 (i of 18 samples 
are kept) to give an effective sample rate of 288 kHz. This signal is subjected to the 
finite impulse response (FIR) filters, labeled h^jJiZ) through Ho.i«(Z), which include 
a number of taps, preferably S t&ps per filter. As one skilled in the art will recognize 
the number of taps can vary and is not intended to limit the scope of the invention. 
The ou^uts from the filters enter an 18 point inverse FFT 130. The output of the 
transform is 36 sany>Ies for an 8 kHz frame including 4 guard samples and is 
provided to FFT blocks 126 and 128 for processing as described above. The FFT 
tones are preferably spaced at 9 kHz, and the infomiation rate is 8 kiiosymbols per 
second vdth four guard san^les per symbol allotted The 17 bands from each 
polyjiiase filter are applied to the FFT blocks 126, 128 for processing and ou^ut of 
the 544 carriers as indicated above. One band, the 18th band, as indicated above, is 
not used. 

The equalizer 214 (Figure 26) and 1 72 (Figure 22), in both upstream and 
downstream tecdverarchitecnires, is supplied to account for changes in group delay 
across the cable plant The equalizer tracks out phase and gain or amplitude 
variations due to environmental changes and can therefore adapt slowly while 
maintaining suffidently accurate tracking. The coefficients 360 of the equalizer 
1 72, 214, for which the inlemal equalizer operation is generally shown in Figure 35, 
r^)resent the inverse of the channel frequency response to the resolution of the FFT 
1 12, 170. The downstream coefficients will be highly correlated since every 
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channel will progress through the same sigMl 

coefficients vAich may be unconclatcd due to the variant channels thai individual 
DSO+s may encounter in the multi-point to point topology. While the diannel 
characteristics are diverse, the equalizer will operate the same for either i?»trcam or 
downstream receiver* 

The downstream equalizer will track on only the IOC dianoels, Aus reducing 
the computational requirements at the ISUs and removing the requirement for a 
preamble in the pay load channels, as described furflier below, since IOC 
channels arc always transmitted. The t^jstream, however, will require equalization 
on a per DS(H and IOC channel basis. 

The algorithm used to update the equalizer coeflBcients contains several local 
minima when operating on a 32 QAM constellation and suffers from a four-fold 
phase ambiguity. Furthermore, each DSCH- in the iq)stream can emanate from a 
separate ISU. and can therefore have an independent phase shift To mitigate this 
problem, eadi communication onset will be required to post a fixed symbol 
preamble prior to data transmission. Note that die IOC d^aonels are excluded from 
this rtqtiirement since they are not equalized and that the preamble c^ 
scrambled. ItiskiK>wnthatatthetimeoftraiisnussion,dieHDT 12 wiUstiU 
accurate frequency lock and symbol timing as established during initialization and 
activation of tiie ISU and will maintain synchronization on the continuously 
available dowiustream IOC dsannel. 

The introducticm of the preamble requires that the equalizer have knowledge 
ofitsimcess state. Three states are introduced v^cfa include: search, acquisition, 
and tracking mode. Seareh mode is based on the amount of power present on a 
channel Transniitter algorithms wiU place a zero value in unused FFT bins, 
resulting in no power being transmitted on that particular frequency. Atthe 
receiver, the equalizer will determine that it is in search mode based on the absence 
of power in the FFT bin. 
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When transmission begins for an initialized and activated ISU, the equalizer 
detects die presence of signal and enters the acquisition mode. The length of the 
preamble may be about IS symbols. The equalizer will vary the equalization 
process based on the preamble. The initial phase and amplitude correction will be 
large but subsequent updates of the coefficients will be less significant In order to 
differentiate the training panem from any other dau sequence, when the HDT 
informs an ISU to connect a new pay load channel, the ISU transmits 16 consecutive 
symbols having I«0 and CH), which is not a valid data symbol in the constellations 
of Figures 14 or 17, The ISU then transmits 8 valid data symbols, allowing the 
equalizer for that channel to set its coefficient properiy to adjust for amplitude and 
phase of the incoming signal. 

After acquisition, the equalizer will enter a tracking mode with the update rate 
beii^ reduced to a minimal level. The txackii^ mode will continue until a loss of 
power is detected on the channel for a period of time. The channel is then in the 
unused but initialized and activated state* The equalizer will not train or track when 
the receiver is being tuned and the coefficients will not be iq)dated. The coefficients 
may be accessed and used such as by signal to noise detected 305 (Figust 26) for 
channel monitoring as discussed further below« 

For the equalization process, the I/Q coaqx>Dents are loaded into a buffer at 
tbeou^oftbeFFT,suchasFFT112»180. As will be ^parent to one skilled in 
the art, the following description of the equalizer structure is with regard to the 
upstream receiver equalizer 214 but is equaUy ^)plicable to the downstream receiver 
equalizer 172. Tht equalizer 214 extracts time domain samples from the buffer and 
processes one complex sample at a time. The processed information is then output 
therefrom. Figure 35 shows the basic structure of the equalizer algorithm less the 
state control algorithm ^ch should be qsparent to one ddUed in the arL The 
primary equalization path performs a complex multiply at muldplier 370 with the 
valttf from the selected FFT bin. The ou^ut is then quantized at symbol quantize 
block 366 to the nearest symbol value from a storage table. The qtiandaoed value 
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(hard decmon) is passed out to be decoded into bits by sytnbols to bits converter 
216. The remainder of the circuitry is used to update the equalizer coefficients. An 
error is calculated between the quantized symbol value and the equalized sample at 
sununer 364. This complex error is multiplied with the received sample at 
multiplier 363 and the result is scaled by ibt adaptation coefficient by multiplier 362 
to form an update value. The update value is summed at sununer 368 with the 
original coefficient to result in a new coefficient value. 

Qpcration of Fira Embodimmi 
In the preferred embodiment, the 6 MHz firequency band for each MCC 
modem S2ofHDT 12 is allocated as shown in Figure 13. Although the MCC 
modem 82 transmits and receives the entire 6 MHz band, the ISU modems 100 
(Figure 8) are optimized for the specific ^)pUcation for which they are designed and 
may terminate/generate fewer than the total number of carriers or tones allocated in 
the6MHzband The upstream and downstream band allocations are preferably 
symmetric. The upstream 6 MHz bands from the MCC modems 82 lie in the 5-40 
MHz spectrum and the downstream 6 MHz bands lie in die 725*760 MHz spectrum. 
One skilled in ^ art will recognize &at if different transmission media are titilized 
for )q>stream and downstream transmission, the frequencies for transmission may be 
the same or overlap but still be non-interfering. 

There are three regions in each 6 MHz frequency band to st^port specific 
operations, such as transport of telephony pay load data, transport of ISU system 
operations and control data (IOC control data), and upstream and downstream 
synchronization. Each carrier or totie in the OFDM frequency band consists of a 
sinusoid which is modulated in amplitude and phase to form a complex constellation 
point as previously described. Tht fundamental symbol rate of the OFDM 
waveform is 8 kHz, and there are a total of 552 tones in the 6 MHz band. The 
following Table 2 summarizes the prefer^le modulation type and bandwidth 
allocation for tfae various tone classificatiozis. 
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Band 
Ailocation 


Number of 1 ones or 
Carriers 


Mrwiulfition 


Caoacity 


Bandwidth 1 


Synch 
Band 


24 tones(2 synch tones at 
each end and 10 guaro 
tones at each end) 


BPSK 


n/a 


216kHz 1 


Payload 

£>ata 


4gO (240 DSO* channels) 


32 QAM 


19.2 MBPS 


4.32 MHz 1 


IOC 


48(2cvciy20data 
channels or 24 IOC 
channels) ^ 


BPSK 


384 kbps 


432 kHz 1 


Intra*band 
guard 


Remainder on each end 


n/a 


n/a 


1.032 MHz 
(S16kHzat 
each end) 


Con^X)sitc 
Signal 


SS2 


n/a 


n/a 


6.0 MHz 



Guard bands are provided at each end of the spectrum to allow for selectivity 
filtering after transmission and prior to reception. A total of 240 telephony data 
channels are included throughout the band, which accommodates a net datt rate of 
192 Mbps. This capacity was designed to account for additive ingress, thereby 
retaining enough si^port to achieve concentration of users to the central office. The 
IOC channels are interspersed throughout the band to provide redundancy and 
communication support to narrowband receivers located in the HISUs. The IOC 
data rate is 16 kbps (two BPSK tones at the symbol rate of 8 kHz frames per 

second). Efifectively. an IOC is provided for every 10 payload data channels. An 
ISU. such as an HISU. that can only see a single IOC channel would be forced to 
retune if the IOC channel is corrupted. However, an ISU which can see multiple 
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IOC cfaaanels can select an alternate IOC channel in the event that the primary 
choice is comipt, such as for an NflSU. 

The synchronization channels are duplicated at the ends of ^ band for 
redundancy, and are ofEsct from the main body of usable carriers to guarantee that 
the synchronization channeb do not interfere with the overused chasneU. The 
synchronization channels were previously described and will be fuitber described 
below. The synchronization channels are operated at a lower power level than the 
telephony payload channels to also reduce the effect of any imerfereoce to such 
channels. This power reduction also allows for a smaller guard band to be used 
between the synchronization chamois and the payload telephony channels. 

One synchronization or redundant synchronization channels may also be 
implemented wi^ the telephony channels as opposed to being offset therefrom. In 
order to keep them from interfering with the telephony channels, the 
synchronizadoD channels may be implemented using a lower symbol rate. For 
example, if the telephony channels are implemented at an 8 kHz symbol rate, the 
synchronization channels could be implemented at a 2 kHz symbol rale and also 
may be at a lower power level. 

The ISUs 100 are designed to receive a subband, as shown in Figure 16, of 
the total aggregate 6 MHz spectrum. As an example, the HISU 68 will preferably 
detect only 22 of the available 552 channels. This inq>lementation is primarily a 
cost/power savings technique. By reducing the number of channels being received, 
the sample rate and associated processing requirements are dramatically reduced and 
can be achievable mfh common conversion parts on the market today. 

A given HISU 68 is limited to receiving a maximum of 1 0 DSOs out of the 
payload data channels in die HISU receiver's frequoicy view. The remaining 
channels will be used as a guard interval. Furthermore, in order to reduce the 
power/cost requirements, synthesizing frequency stqis will be limited to 198 kHz. 
An IOC channel is provided for as shown in Figure 1 6 so that every HISU 68 will 
always see an IOC channel for control of the HISU 68 via HDT 12. 
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The MISU 66 is designed to receive 13 subbands, ts shown in Figure 16, or 
130 of the 240 ivailable DSOs. Again* the tuning steps will be limited to 198 kHz to 
realize an efficient synthesizer implementation. These are preferred values for the 
HISU 68 and MISU 66, and it will be noted by one skilled in art that many of 
the values specified herein can be varied without changing the scope or spirit of the 
invention as defined by the accompanying claims. 

As known to one skilled in the art, there may be need to support operation 
over channels in a bandwidth of less than 6 MHr Widi ^)propriate software and 
hardware modifications of the system, such reconfiguration is possible as would be 
apparent to one skilled in the art For example, for a 2 MHz system, in the 
downstream^ the HDT 12 would generate the charmeis over a subset of the total 
band. The HISUs are inherently narrowband axKl would be able to tune into the 2 
MHz band. The MISUs supporting 130 chaimels, would receive signals beyond the 
2 MHz band, Tbey would require reduction in filter selectivity by way of a 
hardware modification. An eighty (80) channel MISU would be able to opesate with 
the constraints ofthe 2 MHz. i^^stem. In the t^stream, die HISUs would generate 
signals within the 2 MHz band and the MISUs transmit secdon would restrict the 
inforxnatiOT generated to the nanower band. At die HDT, the ingress filtering 
would provide sufBcient selectivity against out of band signal energy. The 
nanowbasd system would require onochronization bands at the edges of the 2 MHz 
band. 

As previously described, acquisition of signal parameters for initializing the 
system for detection of the downstream information is performed using the 
downstream synchronization channels. The ISUs use die carrier* amplitude, timing 
recovery btodc 166 to establish the downstream synchronization of frequency, 
ampUtude and timing for such detection of downstream information. The 
downstream signal constitutes a point to multi^int topology and die OFDM 
waveform arrives at the ISUs via a single path in an inherently synchronous manner. 
In the iq)stream direction, each ISU 100 must be initialized and activated tiirougb a 
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ptocess of upstream synchronization before an HDT 12 can enable tbe ISU 100 for 
transmission. The (mcess of i4)stream synchronization for 
that the waveform from distinct ISUs combine to a unified wavefoim at the HDT. 
The upstream synchronization process, portions of which were previously described, 
involves various steps. TheyiiKlude: ISU transmission level adjustment, upstream 
muiticamer symbol alignment, carrier frequency adjustment, and rouiMl trip path 
delay adjustment Such synchronization is performed after acquisition of a 6 MHz 
band of operation. 

Generaliy, with respect to level adjustment, tbe HDT 12 calibrates the 
measured signal strength of the upstream transmission received from an ISU 100 
and adjusts the ISU 100 transmit level so that all ISUs are within acceptable 
threshold. Level adjustment is performed prior to symbol alignment and path delay 
adjustment to maximize tbe accuracy of these measurements. 

Generallyt symbol alignment is a necessary requirement for the muiticarrier 
modulation i^roacb inq)lemented by tbe MCC modems S2 and ttbe ISU modems 
101. In tbe downstream direction of transmission, aUixifonnationrecdved at 
ISU 100 is generated by a single OCMUS6, so tbe symbok modulated on each 
muiticarrier are automadcaUyi^iase aligned However, upstream symbol alignment 
at the MCC modem S2 receiver architecture varies due to tbe multi-point to point 
natureof ^ HFC distribution network 1 1 and tbe unequal delay paths of tbe ISUs 
100. In order to have maximum receiver efficiency, all iQ>sueam symbols must be 
aligned within A narrow phase margin. This is done by providing an adjustable 
delay path parameter in each ISU 100 such that the symbol periods of all channels 
reedved i^stream from tbe different ISUs are aligned at tbe point t^ 
HDT a 

Generally, nmnd trip path delay adjustment is perfonned such that the round 
trip delay from tbe HDT t^tworic interface 62 to all ISUs 100 and back to tbe 
networic interface 62 from all tbe ISUs 100 in a system must be equal. Thisis 
required so that signaling multiframe integrity is preserved throughout tiie system. 
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All round trip processing for the telephony transpon section has a predictable delay 
with the exception of the physical delay associated with signal propagation across 
the HFC distribution network 1 1 itself ISUs 100 located at close physical distance 
from the HDT 12 will have less round trip delay than ISUs located at the maximum 
distance from the HDT 12. Path delay adjustment is implemented to force the 
transport system of all ISUs to have equal round trip propagation delay. This also 
maintains DS I multiframe alignment for DS I channels transported through the 
system, maintaining tn^band channel signaling or robbed*bit »gnaling with the same 
alignment for voice services associated with the same DSL 

Generally, carrier frequency adjustment must be performed such that the 
spacing between carrier frequencies is such as to maintain orthogonality of the 
earners. If the multicarriers are not received at the MCC modem 82 in orthogonal 
alignment, interference between the multicarriers may occur. Such carrier frequency 
adjustment can be performed in a manner like that of symbol timing or amplitude 
adjustment or may be implemented on the ISU as described previously above. 

In the initialization process, when the ISU has just been powered up, the ISU 
100 has no knowledge of vMch downstream 6 MHz frequency band it should be 
receivingin. This results in the need for the acquisition of6 MHz band in the 
initisdization process. Until anISU 100 has successfully acquired a 6 MHz band for 
operation, it implements a "scanning** approach to locate its downstream frequency 
band. Generally^ a local processor of the CXSU controller 102 of ISU 100 starts 
with a defiuih 6 MHz receive frequency band some^^iere in the nnge from 625 to 
850 MHz. The ISU 100 waits for a period of time, for example 100 milliseconds, in 
each 6 MHz band to look for a valid 6 MHz acquisition command which matches a 
unique identification number for the ISU 100 after obtaining a valid synchronization 
signal; ^ch unique identifier may take the form of or be based on a serial number 
of the ISU equipment If a valid 6 MHz acquisition command or valid 
synchronization command is not found in that 6 MHz band, the CXSU controller 
102 looks at the next 6 MHz band and the process is repeated. In this manner, as 
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explained further below, the HDT 12 can tell the ISU 100 which 6 MHz band it 
should use fpr frequency reception and later which band for frequency transou5sion 
upstreani. 

The process of initialization and activation of ISUs, as generally described 
above, and tracking or follow*up synchronization is further described below. This 
description is written using an MISU 66 in conjunction with a CXSU cratroller 102 
but is equally applicable to any ISU 100 implemented with an equivalent controller 
logic. Tlie coax master card logic (CXMC) SO is ifistructtxl by the shelf control^^ 
unit (SChnj)5S to initialize and activate a particular ISU 100* Tbe SCNU uses an 
ISU designation number to address the ISU 100. The CXMC 80 correlates the ISU 
designation number with an equipment serial number, or unique identifier, for the 
equipment No two ISU equipments ^pped from the fiictoty possess the same 
unique identifier* If the ISU 100 has never before been initialized and activated in 
the current system database, the CXMC 80 chooses a personal identification number 
(PIN) code for tiie ISU 100 being initialized and activated This PIN code is then 
stored in the CXMC 80 and effcctiveiy represents the "address" for all 
communications with that ISU 100 which will follow. Tbe CXMC 80 maintains a 
lookup table between each ISU designation number, die unique identifier for die 
ISU equipment, and die PIN code. EachlSU 100assodatedwididieCXMUS6has 
a unique PIN address code assignment One PIN address code will be reserved fin* a 
broadcast feature to aU ISUs, which allows for die HDT to send messages to all 
inidalized and activated ISUs 1 00. 

Tbe CXMC 80 sends an initialization and activation enabling message to the 
MCC modem 82 which notifies tbe MCC modem 82 that the process is beginning 
and the associated detection functionality in the MCC modem 82 should be enabled. 
Such functionality is performed at least in part by carrier, amplitude, timing 
recovery blodc 222 as shown in the MCC upstream receiver architecnire of Figure 
26 and as previotisly discussed. 

Tbe CXMC 80 transmits an identification message by die MCC modem 82 
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over all IOC channels of the 6 MHz band in which it tiansniits. The message 
includes a PIN address code to be assigned to the ISU being initiaUzed and 
activated, a conunand indicating that ISU initialization and activation should be 
enabled at the ISU 100, the unique identifier for the ISU equipnoent, such as the 
equipment serial number, and cyclical redundancy checksum (CRC). Tbe messages 
are sent periodically for a certain period of time, Tscaih ^ch is shown as 6. 1 6 
seconds in Figure 20 and which is also shown in Figure 19. This period of time is 
the maximum time which an ISU can scan all downstream 6 MHz bands, 
synchronize, and listen for a valid identification message. The periodic rate, for 
example SO msec affects how quiddy the ISU learns its identity. TheCXMC80 
will never attempt to synchronize more than one ISU at a time, but will attempt to 
identify several ISUs during burst identification as described fiirther below. A 
software timeout is impleoiented if an ISU does not respcHid after some maximtun 
time lunit is exceeded. This timeom must be beyond the maximum time liinit 
required for an ISU to obtain synchronization ftinctims. 

During periodic transmission by CXMC 80, the ISU implements the scanning 
approach to locate its downstream frequency bani The local processor of Ae 
CXSU starts with a defiMilt 6 MHz receive frequency band somewhere in the range 
from 625 to 850 MHz. The ISU 100 selects the primary synchronization channel of 
the 6 MHz band and then tests for loss of synchronization after a period of time. If 
loss of synchronization is still present, the secondary synchronization channel is 
selected and tested for loss of synchronization after a period of time. If loss of 
syncfarooization is still present, then the ISU restarts selection of the synchronization 
channels on the next 6 MHz band which may be 1 MHz away but still 6 MHz in 
width. When loss of synchronization is not present on a synchronization channel 
then the ISU selects the first subband including ^ IOC and lis^ for a correct 
identification message. If a correct identification message is found which matches 
its unique identifierthen the PIN address code is latched into an appropriate register. 
If a correct identification message is iK>t found in the first subband on that IOC then 
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a middle subband and IOC is selected, such as the 1 Ith 
listens for the correct identification message. If the message again is not contctly 
detected, then the ISU restarts on another 6 MHz band. The ISU listens for the 
correct idcnufication message in a subband for a period of time equal to at least two 
times the CXMU transmission time, for example 100 msec when transmission time 
is SO msec as described above. The identification command is a tmique command in 
the ISU 100, as the ISU 100 will not require a PIN address code matdi to respond to 
such commands, but only a valid unique identifier and CRC match. If an un* 
initialized and un»activated ISU 100 receives an identification command from the 
CXMC 80 via Ae MCC modem 82 on an IOC channel, datt which matches the 
unique identifier and a valid CRC, the CXSU 102 of the ISU 100 will store the PIN 
address code transmitted with the command and unique identifier. From this point 
on, the ISU 100 will only respond to commands which address it by its correct PIN 
address code, ora broadcast address code; unless, of course, the ISU is re-activated 
again and given a new PIN address code. 

After the ISU 1 00 has received a match to its unique identifier, the ISU will 
receive the upstream fitquency band command with a vaUd PIN address code ^ 
tells the ISU 100 wfaich6MHzbandtousefor iqntreamtransznissionandthe 
carrier or tone designations for the upstream IOC channel to be used by the I^^ 100. 
Tl>e CXSU controUer 102 inteq>rtts the comrnand and correcUy active 
modem 101 of the ISU 100 for the correct upstream frequency band to respond in. 
Once the ISU nx>dem 101 has acquircxi the correa 6 MHz band, ^ C?^ 
controller 1 02 sends a message command to the ISU modem 1 0 1 to enable i^>stream 
transmission. Distributed loops utilizing the carrier, an^)Utude, and tirniiig recover 
block 222 of the MCC DX>dem upstream receiver architecture of the HDT 1^ 
to lock the various ISU parameters for upstream transmission, including amplitude, 
carrier frequency, symbol alignment, and path delay. 

The HDT is then given information on the new ISU and provides downstream 
commands for the various parameters to the subscriber ISU uzut The ISU begins 
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transmission in. the upstream and the HDT 12 locks to the upstream signal. The 
HDT 1 2 derives an error indicator with regard to the parameter being adjusted and 
commands the subscriber ISU to adjust such parameter. The adjustment of error is 
repeated in the process until the parameter for ISU transmission is locked to the 
HDT 12. 

More specifically, after the ISU 100 has acquired the 6 MHz band for 
operation^ the CXSU 102 sends a message command to the ISU modem 101 and the 
ISU modem 101 transmits a synchronization pattern on a synchronization chaimel in 
the primary synchronization band of the spectral allocation as shown in Figures IS- 
IS. The upstream synchronization channels which art oSsei from the payioad data 
chaiuiels as alloca^ in Figures 13*18 include both a primary and a redundant 
synchronization chaimei such that upstream synchronization can still be 
accomplished if one of the synchronization channels is comipted. The HDT 
monitors one channel for every ISU. 

The MCC modem 82 detects a valid signal and performs an any>limde level 
measurement on a received signal from the ISU. The synchronization pattern 
indicates to dte CXMC 80 ^ the ISU 1 00 has received the activation and 
initializadon and frequency band commands and is ready to imceed with upstream 
syncfaronizaticHL The amplitude level is compared to a desired reference level. The 
CXMC 80 detennines whether or not the transmit level of the ISU 100 should be 
adjusted and the amount of such adjustment If level adjustment is required, the 
CXMC 80 transmits a message on tibe downstream IOC channel instructing the 
CXSU 102 of the ISU 100 to adjust the power level of the transmitter of the ISU 
modem 101. The CXMC 80 continues to check the receive power level from the 
ISU 100 and provides adjustment commands to the ISU 100 until the level 
transmitted by the ISU 100 is acceptable. The amplitude is adjusted at the ISU as 
previously discussed. If amplitude equilibrium is not reached within a certain 
number of iterations of amplitude adjustment or if a signal presence is never 
detected utilizing the primary synchronization channel dien the same process is used 
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on the redundant synchronizaiion channel. If amplitude equilibrium is not reached 
within a certain number of iterations of amplitude adjusttient or if a signal presence 
is never detected utilizing the primary or redundant synchronization channels then 
the ISU is reset 

Once transmission level adjustment of the ISU 100 is completed and has been 
stabilized, the CXMC »0 and MCC modem 82 perform carrier frequency locking. 
The MCC modem 82 detects the carrier frequency as transmitted by tibc ISU 100 
and performs a correlatiM on recdved transmission from the ISU to 
carrier frequency error correction necessary to orthogonally align the multicairien 
of all the i^stream transmissions from the ISUs. The MCC modem 82 returns a 
message to die CXMC 80 indicating the amount of carrier frequency error 
adjustment required to perfonn frequency alignment for 4e ISU. The CXMC 80 
transmits a message on a downstream IOC channel via ^ MCC modem 82 
instructing the CXSU 102 to adjust the transmit frequency of the ISU modem 1^ 
and die process is repeated until the frequency has been established to within a 
certain tolerance for the OFDM channel spacing. Such adjustment would be made 
via at least the synthesizer block 195 (Figures 24 and 25), If frequency locking and 
adjustment is accomplished on the ISU as previously described, then this frequency 
adjustment me^K>d is not utilized. 

To establish orthogonality, the CXMC 80 and MCC modem 82 perform 
symbol alignment The MCC modem 82 detects the synchronization channel 
modulated at a 8 kHz frame rate transmitted by tibe ISU modem 101 and performs a 
hardware ccmelation on the receive signal to calculate the delay correction necessary 
to symbol align the tqpstream ISU transmission from all the distinct ISUs 100. The 
MCC modem 82 returns a message to the CXMC 80 indicating the amount of delay 
adjustment required to symbol align the ISU 100 such that all the symbob are 
received at the HDT 12 simultaneously. The CXMC 80 transmits a message in a 
downstream IOC channel by the MCC modem 82 instnicting &e CXSU controller 
102 to adjust the delay of the ISU modem 101 transmission and the process repeats 
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until ISU symbol alignment is achieved. Such symbol alignment would be adjusted 
via at least the clock delay 196 (Figures 24 and 25). Numerous iterations may be 
necessary to readi symbol alignment equilibrium and if it is not reached within a 
predetermined number of iterations, then the ISU may again be reset. 

Simultaneously with symbol alignment, the CXMC SO transmits a message to 
the MCC modem 82 to perform path delay adjustment The CXMC 80 sends a 
message on a downstream IOC channel via the MCC modem 82 instructing the 
CXSU controller 102 to enable the ISU modem 101 to transmit a another signal on a 
synchronization chazmel wliicb indicates the multiframe (2 kHz) alignment of the 
ISU 100. The MCC modem 82 detects diis multiframe alignment pattern and 
performs a hardware correlation on the pattern* From this correlation, the modem 
82 calculates the additional symbol periods req\iired to meet the round trip path 
delay of the communication system. The MCC modem 82 then returns a message to 
the CXMC 80 indicating the additional amount of delay which must be added to 
meet the overall padi delay requirements and the CXMC then transmits a message 
on a downstream IOC channel via die MCC modem 82 instructing the CXSU 
controller 102 to relay a message to the ISU modem 101 containing the path delay 
adjustment value. Numerous iterations may be necessary to reach path delay 
equilibrium and if it is not reached within a predetermined number of iterations, 
dien the ISU may again be reset Such adjustment is made in the ISU transmitter as 
can be seen in the display delay buffer "^n** samples 192 of the upstream transmitter 
architectures of Figures 24 and 25. Path delay and symbol alignment may be 
performed at the same time, separately or together using the same or different 
signab sent on the synchronizatioa channel 

Until the ISU is initialized and activated, the ISU 100 has no capability of 
transmitting telephony data information on any of the 480 tones or carriers. After 
such initialization axkl activation has been completed, the ISUs are within tolerance 
required for transmission within the OFDM waveform and the ISU is informed that 
transmission is possible and upstream synchronization is complete. 
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After an ISU tOO is initialized and activated for the system, follow-up 
synchronization or tracking may be perfonned periodically to keep the ISVs 
calibrated within the required tolerance of the OFDM transport requirements. The 
foUow-up process is implemented to account for drift of component values with 
temperature. If an ISU 100 is inactive for extreme periods of time, the ISU can be 
tuned to the synchronization channels and requested to update upstream 
synchronization parameters in accordance with the upstream synchronization 
process described above. Alternatively, if an ISU has been used recently, the 
follow-up synchronization or tracking can proceed over an IOC dumnei. Under this 
scenario, as gez^rally shown in Figure 28, the ISU 1 00 is requested to provide a 
signal over an IOC channel by the HDT 12. The HDT 12 then acquires and verifies 
that the signal is within the tolennce required for a channel within the OFDM 
waveform. If not, tfien the ISU is requested to adjust such enored parameters. In 
addition, during long periods of use, ISUs can also be requested by the HDT 1 2 to 
sesul a signal on an IOC channel or a synchronization channel for the purpose of 
updating tht upsxrum synchronization parameters. 

In the downstream direction, the IOC channels transport control information 
to &e ISUs 100. The modulation format is prefenbly differentially encoded BPSK, 
although the differential aspect of the downstream modulation is iiot requi^ In 
the tQ)Stream direction, tibe IOC channels transport control information to the HDT 
12. The IOC channels are differentially BPSK OKKluIated to mitigate the transient 
time associated widi^ equalizer when sending data in Ae upstream direction. 
Control data is slotted on a byte boundary (500 MS frame). Data from any ISU can 
be transmitted on an IOC channel asynchronously; therefore, there is the potential 
for collisions to occur. 

As there is potential for collisions, detection of collisions on the upstream 
IOC channels is accomplished at a data protocol level The protocol for handling 
such collisions may. for example, include exponential backoff by the ISUs. As 
such, when the HDT 12 detects an error in transmission, a retransmission command 



108 

is broadcast to all the ISUs such that the f SUs retransmit the upstream signal on the 
IOC channel after waiting a particular time; the wait time period being based on an 
exponential function. 

One skilled in the art will recognize that iq)stream synchronization can be 
implemented allowing for multi-point to point transmission using only the symbol 
timing loop for adjustment of symbol timing by the ISUs as commanded by the 
HDT. The frequency loop for upstream synchronizaticw can be eliminatfd with use 
of high quality local fiee running oscillators in the ISUs that are not locked to the 
HDT* In addition* the local oscillators at the ISUs could be locked to an outside 
reference. The amplitude loop is not essential to achieve symbol alignment at the 
HDT. 

In the {mcess described above with respect to initialization and activation, 
including upstream synchromzasion, if for some reason communication is lost 
between a large number of ISUs 100 and the HDT 12, after a period of time these 
ISUs 100 will require initialization and activation once again. Such a case osay arise 

a fiber is cm and users ofmultiple ISUs 100 are left without servic^^ As 
initialization and activation is described above, only one ISU 1 00 would be 
initialized and activated at one time. The time frame for initialization and activation 
of multiple ISUs 100 in this manner is shown in Figure 19. 

In Figure 19, each ISU 100 is initialized, as previously described, by 
identification of the ISU and acquisition by the ISU of the 6 MHz band for 
downstream transmission during a scanning period Tscan* which is the time period 
needed for die ISU to scan all of the downstream bands listening for a matching 
identification message. In one embodiment, Tjcan is equal to 6.16 seconds. Of 
course this time period is going to be dependant on the number of bands scanned, 
the time period necessary for synchronizing on the downstream synchronization 
channels, and the time required to acquire an IOC channel within the band. 

Fur&er as shown in Figure 19, after each ISU has acquired a downstream and 
upstream 6 MHz band, t4)stream synchronization is then performed during a time 
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period T^juAi* Jstual ^ defined as the period in vMch in ISU should have 
received all messages from the CXMC 80 finishing the ^>stream synchronization 
process as described above, with a reasonable amount of iterations to accomplish 
such synchronization. At the very least, this time period is the time period necessary 
to accomplish symbol timing such that symbols received from various ISUs 100 at 
the HDT 12 art orthogonal. This time period would be increased if amplitude, 
frequency and path delay synchronization is also performed as described above. 
Therefore, the time period necessajy to serially initialize and activate twelve ISUs, 
T$EiuAL> *5 shown in Figure 19 would be equal to IIT^cah 12TeouAL- 

With a burst identification process as shall be described with respect to Figure 
20, the time period for initializing and activating twelve ISUs 100 can be 
substantially reduced This results in more ISUs 100 being activated more quickly 
and more users once again serviced in a shorter period of time. In the process of 
burst identification as shown by the timing digram of Figure 20, the identification 
and acquisition of multiple ISUs 100 is performed in parallel instead of being 
performed serially as described above. 

Use periodicity of the identification messages sent by the CXMC 80 during 
initialization and acquisition, vAma performed during normal operating conditions 
vAicn ISUs 1 00 are serially initialized, is designed to present a light load of traffic 
on the IOC cfaanoel but yet to allow a reasonable identification duration. This 
periodicity duration is, for example, 50 miUiseccHKis. For the system to be able to 
handle both situations, serial identification and burst identificadcm, this periodicity 
is kept the same* However, in burst identification, ^ ICK) diannel traffic load is 
not important because the service of aU the ISUs 100 receivii^ communication via 
one of the CXMCs 80 utilizing the IOC channels has been terminated such as by the 
cut fiber. Therefore, during burst identification the IOC channels can be loaded 
more heavily and identification messages for multiple ISUs 100 utilizing such IOC 
channels are transmitted on the IOC chaimels at the same periodicity as during serial 
identification, but the phase for the identification messages is different for each ISU. 
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Due to Ihe period, and utilization of the IOC channels for the identification 
messages during burst identifjcation, there is a limit on the number of identification 
messages which may be transmined during one Tscan period. If the periodicity is 50 
milliseconds and the use of the IOC channel for a single identification message is 4 
milliseconds, only twelve ISUs 100 may be identified during one T|Q^ penod 
during burst identification. As described below with further reference to Figure 20. 
if the number of ISUs 100 desired to be burst identified b greater than twtlve, then 
multiple grot^ of burst identifications are serially performed 

One skilled in the art will recognize that the specified numbers for time 
periods are for illustration only and that the present invention is noi limited to such 
specified time periods. For example, the periodicity may be 100 milliseconds and 
the number of ISUs identified during burst identification may be 24. Many different 
time periods may be specified with corresponding changes made to the other times 
periods specified Further, burst identification may be accomplished having a 
periodicity different than that for serial identification. 

As shown by the timii^ diagram of Figure 19, a single burst initialization and 
activation of twelve inactive ISUs 100 can be accomplished in the time period 
TBUftST^chtsequaltoTKM< ^ l^^TeQu^L. Thisisaa IITscan difference from the 
process carried out serially. During tt» Tscah period, identification messages for all 
twelve ISUs 100 being initialized are tnuosmitted on the IOC channeU for a CXMC 
80. The twelve identification messages are each sent once during each 50 
millisecond period ITie phase of each message is however different Forexas^le, 
identification message for ISUO may be sent at time 0 and then i^ain at SO 
milliseconds, whereas ^ identification message for ISUl may be sent at time 4 
millisecMds and then again at 54 milliseconds and so forth. 

After the ISUs 100 being initialized have been identified and acquisition of 
the downstream 6 MHz band has occurred during Tscan> ^en iq)Stream 
synchronization is performed in a serial manner with respect to each ISU identified 
during Tscan* The upstream synchronization for the ISUs is performed during the 
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time period equal to I2TE0OAL- Tlje CXMC W wuld start the upstream 
synchronization process in Ac same manner as described above for each ISU 
identified in a serial manner. The CXMC 80 sends to the ISU the upstream 
transmission band b which the ISU being synchronized is to transmit within and 
enables the upstream synchronization process to begin. The upstream 
synchronization process for an ISU has been described in detail above. If an 
upstream transmission band is not received and upstream synchronization is not 
enabled for an ISU during the 12T«,oal time period, then the ISU is reset at the end 
of the I2T80OAL P«»od by a period of time equal to Tkam * 12Tkxjal to possibly 
perform upstream synchronization in the rjext MTbujal period. Once a burst 
identification period, T,umt. »s completed, the process may be started over again in 
a secwid T,oibt P«»«* «* «» ^0 if additional ISUs 100 are to be 
initialized and activated. 

Figures 47 and 48 describe a ctmtrol loop distributed dirough the system for 
acquiring and tracking an ISU. according to anodier embodiment of die invention. 
Loop 3900 shows s«q)S executed by the ISU 66 or 68 at the left, and those executed 
by HDT12atdieri^t Messages between these two units are shown as horizontal 
dashed Uses; tibe IOC channds carry Aese messages. 

Stqis 3910 prepare die ISU to communicate with the HDT. Svep 391 1 reads a 
prestored internal table 3912 indicating frequencies of the valid RF downstream 
bands, along widi odter information. Next, step 3913 tunes the ISU's narrow-band 
receive modem to the center ofthe first 6MHz band in table 3912. Step 3913a then 
fine-tunes it to one of die two sync channels in Aat band; assuine that this **ptizsary" 
channel is die one at die lower end of the downstream part of die band shown in 
Figure 13. Step 3914 acquires the amplitude and fiequency of fliis sync tone. 
Briefly, equalizer 172. Figure 22 or 23, is adjusted to bring die out put of die FFT to 
about 12dB below its upper limit Recovery block 166 measures die time for ten 
frames of die sync tone, and compares it to die 1 25msec correct time interval; the 
frequency of syndiesizer 1S7 is dien adjusted accordingly. Rough timing is 
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satisftctory it this point, because the control messages used below are simple low- 
frequency binary-keyed signals. If sync cannot be acquired, exit 3915 causes block 
3913a to retune to a secradary sync tone of the same 6MHz band, the upper 
downstream tone of Figure 13. If the ISU also fiils to synchronize to the secondary 
tone, exit 3916 causes block 3913 to tune to the center of the next 6MHz band in 
table 391 2 and attempt synchronization again. If all bands have been tried, block 
3913 continues to cycle through the bands again. 

When step 3914 has acquired a lock, steps 3920 listen fw messages from th^ 
HDT» Step 3921 reads an internal predetermined manuftcturcr's serial number 
which uniquely identifies that ISU, and compresses it into a shorter, more 
convenient format Step 3922 finc-nines tf»c ISU modem to a designated primary 
subband, such as subband 0 in Figure 16. 

Concurrently, steps 3930 begin a search for the new ISU. Step 393 1 receives 
an operator ''ranging'' command to connect an ISU having a particular serial 
number. Step 3932 then continuously broadcasts a **PIN message" 3933 on all IOC 
channels; this message contains the compressed form of the ISU serial number and a 
shorter personal identification number (PlhO by which that ISU wUl be k^ Step 
3923 in ISU continuously receives all PIN messages, and attempts to match the 
transmitted compressed serial number witib the number from table 3922a. Ifitfails 
to do so after a period of time, exit 3924 caused step 3922 to retune to another 
designated subband, such as subband 23 m Figure 13, and try again. Ifno 
appropriate PIN message is received on &e secondary subband, exit 392S returns to 
step 3913 to switch 10 another 6MH2 band. When step 3923 receives the correct 
PIN message, step 3926 latches the PIN into the ISU to serve henceforth as its 
address wi^ the system. In some implementations, the full serial number or other 
unique identifier of the physical ISU could serve direcdy as an address. However, 
this number occi^ies many bytes; it would be wasteful to transmit it every time a 
message is addressed to the ISU, or even to use it for ra nging . Its comprtssed form, 
two bytes long, serves as a hash code which is practical to transmit in the continuous 
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messages 3933: The PIN is only one byte long, since addresses need be unique only 
within each 6MH2 band, and are practical to use for identifying the ISU whenever 
the HDT needs to cooununicate with it Message 3927 informs the HDT that the 
ISU wOl respond to Its PIN. 

Steps 3940 set tq) the tqpstream communications from the ISU to the HDT. 
After 3941 receives PIN confirmation 3927, step 3942 sends a designation of the 
upstream frequency band to the ISU as an IOC message 3943. This fiwjuency may 
have been specified by the <v«»tt>r »a ««P 393 1, or m^^ 
HDT itself Stq) 3944 tunes ISU modem to tfiis 6Mhz band, and returns a 
confirmation 3945. Step 3946 then fine^unes to the primary tq>stzeam sync chann^ 
of that band, such as the lower one in Figure 13. Stq> 3947 enables an HDT 
receiver on the designated band. 

Steps 3950 adjust the transmitted power of ^ ISU in the upsotam direction; 
in a multipoint-to-point-system. the power levels of all ISUs must track each other 
in order to ensure orthogonality of the entire signal received by the modem of 
Figure 26. St^ 3951 transmits a ranging tone at an initial power level from the ISU 
on this sync channel which is sometimes called a ranging channel. AttheHDT, 
step 3952 measures the received power level, and block 3953 sends an IOC message 
3954, causing step 3955 at Ac ISU to adjust the power of its transmitter 200, 
Figure 24. if necessary. If tiiis cannot be done, message 3956 causes step 3946 to 
return to a secondary ranging channel, such as the higher upstream sync tooc of 
Figure 13» and causes the step 3947 to enable the secondary channel at the HDT. If 
Oxs loop also fidls, exit 3957 reports a hard failure to the system logi^^ 

Blocks 3960 align the symbol or frame timing between the ISU and the HDT. 
Step 3961 measures tibeidsaseoftheISU*s ranging tone with respect to the sync 
tone ^ the HDT is sending to all ISUs at all times. Figure 1 1 shows this signal, 
labeled '^kHz frame elk"* in Figure 24. Step 3962 sends messages 3963 as 
necessary to cause tfie ISU modem to adjust the timing of its ranging tone, in step 
3964. When this has completed, block 3965 detects whether or not groups of four 
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frames are aligned correctly as between HDT and ISU; this grouping delineates 
boundaries of IOC messages, which are four frames long. The sync tones 
continually repeat a differemiai BPSK pattern of 1010 0101 0101 0101 over a 
period of 1 6 frames; that is, each bit occupies 12S microseconds, the duration of one 
frame. Thus, the space between the fourth and fifth bit, and between the sixteenth 
and first, can nurk the multiframe boundaries. If alignment is incorrect, step 3966 
sends message 3967, causing the ISU to bmip the phase of its kHz superbamt 
elk*". Figure 24. If step 3961 or step 396S cannot reach tfie correct j^uise after a 
certain number of steps, fail exits 3969 report a hard £ulure. 

Steps 3980 complete the induction of the new ISU into the system. Stqj 398 1 
turns off the ranging tone at the ISU, tells the HDT at 3982 that it is locked in, and 
returns to the subband at which it was operating in step 3944. Step 3983 requests 
preiiminaxy configuration or c^>ability data from the ISU, in message 3984, 
whereupon step 3985 reads an internal table 3986 containing parameters indicating 
capabilities such as whether the ISU can tune only odd or even channel numbers, 
and other physical limitations of that particular modem. When message 3987 has 
communicated these parameters, step 3988 selects a particular subband of 10 or 130 
payload channels (for an HISU or an MISU respectively). Message 3989 causes 
step 3990 to tune ^ ISU to the proper subband. Meanwhile, the HDT is acquiring 
an IOC data-link (IDL) channel, as described hereinbelow, at step 3991 . Step 3992 
then sends message 3993 to the ISU, which reads the rest of the mo<km 
configuration and specifications from table 3986 at step 3994, and transmits them 
over die IDL channel at 3995. Hie HDT stores pertinent information concerning that 
ISU for fimire reference. Hie purpose ofsending ISU datt to the HDT is to 
accommodate various ISU models having greatly dififering capabilities, and to allow 
continued use of l^acy ISU equipment yAxesi the HDT has been iq>gnuled to include 
additional capabilities. 

During and after the process of Figures 47 and 48, the ISU receiving modem. 
Figure 22 or 23, must track the acquired frequency and symbol timing of the HDT 
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transmitting modem of Figure 2K The pmctictlities of a muJticarrier (MC) system 
impose requirements which are not obvious fiom experience with TDMA (time 
division multiple-access) and other conventional forms of bidirectional multipoint 
networics aiki systems, nor in pointHo-multipoint C^broadcast^ multicanier 
networks* In TDMA and similar systems, slight etrors in frequency and timing, and 
larger errors in amplitude, can be coci4)ensated by tracking the received signal. In a 
broadcast MC system, ail carriers are synchronized at ^ bead end, and can again be 
tracked at the receiver. In a bidirectional muhipoi&t-to-poiatmulticaiiier system, 
however, the HDT receiver must see all channels as tfiough tfiey had been generated 
by a single source, because the HDT decodes all channels in an entire 6MHz band as 
a single entity, with a single FFT. Even slight errors among die individual ISUs in 
their lO-channel and 130-channel subbands causes severe distortion and intersymbol 
interference when tibe HDT FFT inveru the channels back into symbol strings for 
multiple DSO channels. The errors to be controlled are frequency, symbol timing, 
and signal amplitude. Amplitude(power level) in particuhff has been found to be 
much more stringent than in previous systems. 

At all times after the ISU receiving modem Figure 22 or 23 has acquired die 
signal of HDT transmitting modem Figure 21, it mtist track gradual changes in 
frequency, phase* and symbol timing caused by drift and other changes in the plant 
Figure 49 shows a inediod 4000 for tracking these changes. Steps 4010, executed 
by unit 153, Figure 22 or ISS, Figure 23, track the downstream power level to 
compensate for slow gain changes in the plant Step 40 11 measures an average 
signal level by known me&ods from the output of FFT 170 or ISO. If it is correct, 
exit 4012 takes no action. If die error is wrong but within a predetermined threshold 
of the correct value, block 4013 adjusts a coefficient of equalizer 172 to return the 
signal level to its nominal value. If the signal level changes more than a certain 
amount or if it changes rapidly enough, the signal has probably been lost entirely. 
In that case, exit 401 4 exits tracking mode; it may reenter the ranging procedure of 
Figures 47 and 48, or it may merely signal an error to the HDT. 
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Steps 4020 track carrier frequency in unit 166, Figure 22 or 23. An HISU 
modtm of Figure 23 receives a subband having ten payload channels and one IOC at 
the center, as shown in Figure 16. When this naiTOwi>and modem is nmed to the 
subband, the sync tones arc no longer within its frequency range. Therefore, step 
4021 measures the piau of the IOC channel within the currently tuned subband, 
rather than the sync tone used in Figures 47 and 48. Step 4022 smooths any phase 
error between the received carrier and the locally generated sigi^ from generator 
168, Figure 22, to prevent jitter. The frame clocks of boA the receiving modem 
Figure 23 and the upstream transmitter Figure 24 use this clock; that is, the clocks 
are locked together within the HISU modem. Step 4023 iq>date$ the frequency of a 
local oscillator in RF synthesizer 1 S7. It should be noted here that the location of 
the IOC in the middle of the subband eliminates any ofiEset phase error which 
otherwise must be compensated for. Steps 4020 may be the same for an MISU 
modem, Figvrt 22; this modem has a 130<haxmel bandwidth, as shown in 
Figure 16. The wider bandwidth of this modem includes multiple IOC tones for 
tracking. The modem may use one of diem •^preferably near the middle-* or pairs of 
tones otSsex from the center of subband. 

Step 4030 tracks symbol timing. Step 403 1 samples the frequency error 
between the received symbols and the local 8kHz symbol sampling clock. Ifthe 
sampling frequencies differ by more than about 2ppm between the HDT and the 
ISU, the syn&esized tones progressively depart from their bins at the receiving FFT 
until the equalizer can no longer track them. Step 4032 receives the sign of the 
sampling enor from step 4031, and applies a small 0.5ppm correction to the frame 
frequency. 

Process 4000 takes places in real time, in parallel with other processes. 

After the iqpstream transmitting modem 101 portion shown in Figure 24 has 
tuned to a subband in Figures 47 and 48, it and the tq>stream receiving modem 82 
portion of Figure 26 must continue to track in amplitude^ frequency, azul timing. 
The use of multicanier (MC) technology imposes some requirements which are not 
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obvious firom experieoce with TDMA (time-iiivisioa multiple access) or other 
bidirectioail multipoint technologies, oor from pointHo*multipoint (broadcast) MC 
networks and systems, k TDMA and similar systeins, slight errors in firequency 
and timing, and larger errors in signal amplinide, can be compensated by tracking 
the signal at the feceiver. In broadcast MC systems, all carriers are iidierently 
synchronized at the head end, and can be tracked adequately at eadi receiver 
separately, in a bidirectional muItipoint*to*point multicartier plant, however, the 
head«etKl receiver sees all channels as though they had been generated by a single 
source, because the HDT decodes all channels m an entire 6MHz band as a single 
orthogonal waveform, with a single FFT converter. Even slight errors among ^ 
various ISUs in their 1 0<hannel and 130<hanoel subbands can cause severe 
distortion az^ tntersymbol interference when the FFT in modem S2 portion of 
Figure 26 converts the channels back into bit strings for multiple DSO channeb. 
The parameters to be controlled are frequency, symbol timing, and signal amplitude 
orpowerievel. Frequency and timing can be tracked in a manner similar to steps 
4020 and 4030 ofFigures 47 and 4S. Amplinide, however, has been found to be 
more critical than in previous systems. 

Figure 50 depicts a method 4100 for tracking changes in the i^stream 
channel signal aQq>Utude. After Figures 47 and 4S have brought the ISU 
transmitting modem of Figure 24 on line, its amplitude must be balanced with that 
of all ottier ISUs in the system. Again, if different upstream subbands were received 
by different hardwire, or in a TDMA ftshion, wtere anq>litude tracking could be 
particulaiized in fitequency and/or time, a conventional AGC circuit could track 
amplitude variations adequately. In the embodiment described, power variations 
greater ftan about 0.25dB from one subband to another cause a significant amount 
of distortion and intmymbol interference. In a physical system of, say, a 20km 
radius, variations in ^ tq)Stream signal level at die head end may vary by 20dB or 
more f<^ different ISU locations, and may additionally vary significantly over time 
because of temperature differences, channel loading, component aging, and many 
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other fcctOR. Conventional methods cmnot achieve both the wide dynamic range 
and the high resolution required for an MC bidirectional multipoint-to-point system. 

The steps in the left column of Figure SO axt performed wi^ each ISU; the 
HDT performs the steps on the right Step 41 10 selects a number of payload 
channels for monitoring from table 4111. The channels must include one channel 
from each separate ISU, but need not include more than one. An KflSU thus needs 
time in only one of its 130 payload channels, a very low overhead. A 10-channcl 
HISU subband, however, may require time in more than one of its 10 payload 
channels, because multiple HISUs can share the same subband. Of course, a 
powcied-down ISU, or one having no upstream payload cbanneb provisioned to it, 
need not participate in blocks 1740, because it does not transmit u|)stieam at all. Qt 
is alternatively possible to employ IOC channels instead of payload channels for this 
purpose. Although requiring less overimad, sock use is generally much more 
con4>lex to implement) 

After ranging procedure 3900 has acquired a correct initial power level, step 
4120 performs a scan every 30ms6c* for all the selected payload channels, as 
indicated by arrow 4121. Each ISU responds at 4 130 by sending a message 41 3 1 on 
its selected upstream channel Miien the scan reaches that duumel In step, the HDT 
measures the received power level from each ISU separately. Ifthesignal 
amplitude is within a certain range of its previous value, then steps 4150 compensate 
forthevariatiopattiieHDT. Step 4151 smooths the errors over several scans, to 
prevent sud^kn jurz^n from a single glitch. Step 4152 then adjusts the coefiBcients 
of equalizer 214 in the upstream receiving portion. Figure 26, of modem 82, 
Figure 3, to corxq)ensate for the variation. This sequence compensates for small, 
slow variations at a high resolution; the equalizer steps arc snudl and very linear. 

Step 4140 may detect that the HDT equalizer is far from nominal, near the 
eiKi of its range - say, 4dB up or down from nominal, for an equalizer having a 
±5dB range of 0.25dB steps. This condition might occur for a large number of 
uraimnlattd small errors, or it could be caused by a sudden, major change in the 
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system, such as a break in an optical fiber followed by an automatic switch to 
another fiber having a different length. Steps 4 1 60 compensate for this condition at 
the transmitting (ISU) end, rather than at the receiving (HDT) end. The HDT ihen 
stops the channel scan at step 4161, and step 4162 sends an amplitude^^nor message 
4163 over an IOC channel addressed to the offending ISU. The message specifies 
the amount and direction of the compensation to be q^lied. The ISU wpplits this 
correction at s^ 4] 70 to vary the power output of its transmitter 200, Figure 24. 
Conventional transmitter power controls, such as a PIN attenuator diode 201 in 
power as^lifier 200, are typically relatively coarse and nonlinear, but tbey do 
possess a wide range of adjusttnent DAC 203 receives IOC messages to control 
attenuator 201. To allow the headend equalizer to track tiie changing power more 
easily, stq> 4162 applies the correction over a icmg period of time, for example, 4- 
5sec/dB; but, if the monitored channel is the only channel connected to that ISU, the 
entire correcti<m can be made in a sit^ie large step. Instead of controlling 
adjustment speed at the ISU, the head end may send individual timed IOC messages 
for multiple partial corrections; the downside is increased message traffic on Ae 
IOC channels. 

ISUs may come online and be powered down at odd times. Topreventa 
feckless attempt at correction ^^ten an ISU is powered down, or its signal has been 
lost for son^ other reason, step 4 1 40 fimber detects a condition of substantially zero 
power received fit>m die ISU. In that event, step 4180 sets the head-end equalizer to 
its defiudt value and keeps it tbcrt. 

TTius, powcr^leveling blocks 1740 take advantage of the characteristics of the 
system to adjust both ends in a way which achieves both high resolution and wide 
dynamic range. The digital control available in the head<nd equalizer provides 
precision and linearity in tracking slow changes, and the analog control at the ISU 
provides a wide range, and still allows the head end to track out irmccuracies caused 
by its coarse and iK>nlinear nature. 

Call processing in the communication syston 10 entails the manner in which 
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a subscriber is allocated channels of the system for telq)bony transport from the 
HDT 12 to the ISUs 100. The present communication system in accordance with 
the present invention is aq>able of supporting both call processing techniques not 
involving concentration* for example* TR«8 services, and those involving 
concentration, such as TR*303 services. Concentrati<m occurs when there are more 
ISU terminations requiring seivice than there are channels to service such ISUs. For 
exampict there may be 1*000 customer line terminations for the systen^ with only 
240 payload channels which can be allocated to provide service to such customers. 

Where no concentration is required, such as for TR*S operation, channels 
within the 6 MHz spectrum are statically allocated Therefore, only reallocation of 
channels shall be discussed further below with regard to channel monitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration* such as for providing TR*303 services* the HDT 12 supports on- 
demand allocation of chanMls for transport of telephony data over the HFC 
distribution network 1 1 . Such dynamic allocation of channels is accomplished 
ucili2ing the IOC channels for communication between the HDT 12 and the ISUs 
100. Oiannels are dynamicaUy aUocated for caite being received by a custonier 
an ISU 100, or for calls originated by a customer ai an ISU 100* TheCXMUSdof 
HDT 12* as previously discussed* implements IOC channels v^ch cany the call 
processing infonnation between the HDT 12 and the ISUs 100. In particular* the 
following call jmcessing messages exist on the IOC channels* They include at least 
a tine seiaaire or off-hodc message from the ISU to the HDT; line idle or on-hook 
message from tfie ISU to die HDT; enable and disable line idle detection messages 
between the HDT and the ISUs. 

Call processing in ibc commtoiication system 10 entails die manner in which 
a subscriber is allocated channels of the system for telephony transport from the 
HDT 12 to die ISUs 100. The present communication system in accordance with 
the present invention is capable of supporting both call processing techniques not 
involving concentration, for example* TR-8 services* and diose involving 
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coiicentrstion,.such as TR*303 services, Concentnuion occurs wbea there are more 
ISU terminatioRS requiring service than there are channels to sendee such ISUs. For 
example, there may be 1 ,000 customer tine terminations for the system, with only 
240 payload channels which can be allocated to provide service to such customers. 

Where no concentration is required, such as for TR-S operation, channels 
within the 6 MHz spectrum are sutically allocated. Therefore, only reallocation of 
channels shall be discussed further below with regard to chanMl monitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration, such as for providing TR*303 services, the HDT 12 supports on* 
demand allocation of channels for transport of telephony dau over the HFC 
distribution network 1 1 . Such dynamic allocation of channels is accomplished 
utilizing the IOC channels for communication between the HDT 12 and the ISUs 
100. Channels are dynamically allocated for calls being received by a customer at 
an ISU 100, or for calls originated by a customer at an ISU 100. TbeCXMUS6of 
HDT 12, as previously discussed, implements IOC channels which carry the call 
processing information between the HDT 12 and the ISUs 100. In particular, dbe 
following call processing messages exist on the IOC channels. They include at least 
a line seizure or off-hook message from the ISU to &e HDT; Use idle or oo-ho(dc 
message £rtHn^ ISU to the HDT; enable and disable line idle detection messages 
between fte HDT and die ISUs. 

For acall to a subscriber on the HFC distribution network II, the CTSU 54 
sends a message to the CXMU 56 assodated with the subscriber line termination 
and instructs the CXMU 56 to allocate a channel for transport of the call over the 
HFC distribution network 11. The CXMU 56 then inserts a command on the IOC 
channel to be received by die ISU 100 to ixAuch the call is intended; the command 
providing the proper tnfonnation to dieCXSU 102 to alert the ISU 100 as to the 
allocated dhannel. 

When a call is originated by a subscriber at the ISU side, each ISU 1 00 is 
responsible for monitoting the chaimel units for line seizure. When line seizure is 
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detected, tbe ISU iOO must communicate this change along with the PIN address 
code for the originating line to the CXMU S6 of the HDT 1 2 using the upstream 
IOC operation channel. Once tbe CXMU 56 correctly receives die line seizure 
message, die CXMU 56 forwards this indicatira to tbe CTSU 54 which* in turn, 
provides tbe necessaiy information to the switdiing network to set up the call. The 
CTSU 54 checks tbe availability of channels and allocates a channel for the call 
originated at the ISU 100. Once a channel is identified for convicting tbe call from 
the ISU 1 00» the CXMU 56 allocates die channel over the downstream IOC channel 
to the ISU 100 requesting line seizure. When a subscriber returns on book, an 
appropriate line idle message is sent upstream to die HDT 12 which provides such 
information to tbe CTSU 54 such that the channel can dien be allocated again to 
support TR-303 services. 

Idle channel detection can further be accomplished in the modem utilizing 
another technique. After a subscriber at tbe ISU 100 has terminated use of a data 
payload channel, the MCC modem S2 can make a determination diat tbe previously 
allocated channel is idle. Idle detection may be performed by utilizing tbe 
equalization process by equalizer 214 (Figure 26) which examines die results of the 
FFT which outputs a complex (I and Q component) symbol value. An error is 
calculated, as previously described herein widi respect to equalization, which is used 
to iq)date the equalizer coefficients. Typically* when the equalizer has acquired tbe 
signal and valid data is being detected, die error will be small In die event that die 
signal is tenninated» tbe error signal will increase, and this can be monitored by 
signal to noise monitor 305 to determine die tetminadon of the payload data channel 
used or dsannel idle status. This infonnation can then be utilized for allocating idle 
channels when such operation of die system supports concentradon. 

The equalization i»ocess can also be udUzed to determine whedier an 
unallocated or allocated channel is being com^ted by ingress as shall be explained 
in fiirtber detail below widi respect to channel monitoring. 

The telq)hony transpcm system may provide for channel jffotecdon from 
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ingress in several mafiners. Namwband ingrtss is t omowbind signil that is 
coupled into the transnussion from an external source. Tbe ingress signal which is 
located within tbe OFDM waveform can potentially take tbe entire band ofifline. An 
ingress signal is (most likely) not orthogonal to tbe OFDM carriers« and uzKier worst 
case conditions can inject interference into every OFDM carrier signal at a sufiScient 
level to corrupt almost every DSCK to an extent that performance is degraded below 
a minimum bit error rate. 

One method imvides a digitally tuzuble notch fitter which includes an 
interference sensing alg(mthm for identifying tbe ingress location on tbe frequency 
band. Once located, the filtering is tq)dated to provide an arbiiFvy filter response 
notch the ingress from the OFDM waveform. Tbe filter would not be part of the 
basic modem operation but requires tbe identification of channek that are degraded 
in order to "tune** them out Tbe amount of chazmels lost as a result of dte filtering 
would be determiiied in response to tbe bit enor rate charuteristics in a firequency 
region to determine how many channels the ingress actually oofnQ>ted 

Another aiq[>roadi as previously discussed withrespect to the ingress filter 
and EFT 112 of tbe MCC iq>stmm receiver architecture of Hgure 26 is tfie 
polyphase filter structure. The cost and power associated wids tbe filter are absorbed 
at tbe HDT 12, while sqyplyingsu£5cientiiigress protection for the syst^ Tbus, 
power consumption at tbe ISUs 100 is not increased. Tbe preferred filter structure 
involves two staggered polyphase filters as previously discusse d with respect to 
Figures 31 and 32 al&ough use of one filter is cleariy contemplated with loss of 
somediaBiiels. Tbe filtet/tnuisfmn pair combines tte filter and demodulation 
process into a single step. Some of the features provided by polyphase filtering 
include the ability to protect the receive band against narrowband ingress and allow 
for scalable bandwidth usage in the upstream transmission. With these approaches, 
if ingress renders some channels unusable, the HDT 12 can command the ISUs to 
transmit upstream on a different carrier frequency to avoid such ingress. 

The above approaches for ingress protection, including at least the use of 
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digital tunable aotch filters and polyphase filters, arc equally applicable to pome to 
point systems utilizing muiticanier transport. For example, a single MISU 
transporting to a single HDT may use such techniques* In addition, uni-directional 
multi-point to point transport may also utilize such techniques for ii^gress protection. 

In addition, channel monitoring and allocation or reallocation based thereon 
may also be used to avoid ingress. External variables can adversely affect the 
quality of a given channel. These variables are numerous, and can range from 
electro-ouignet interference to a physical break in an optical fiber, A physical break 
in an optical fiber severs the communication link and cannot be avoided by 
switching channels, however, a channel which is electrically interfered with can be 
avoided until tbe interference is gone. After die intexfereace is gone the channel 
could be used again. 

Referring to Figure 40, a dumnei monitoring method is used to detect and 
avoid use of com^ted channels. A channel monitor 296 is used to receive events 
from board support software 298 and tqxiate a channel quality table 300 in a local 
database. Tbe mraitor 296 also sends inessages to a fioih isolator 302 and to 
channel allocator 304 for allocation or reallocation. Tbe basic input to tbe channel 
monitor is parity errors wfaicb are availaUe frc»n hardware per tbt DSO^ channels; 
the DSO+ diannels bdng 1 0-tnt channels with one of tbe bits having a parity or data 
integrity bit inserted in the dsannel as previously discussed. Tl^ pariQ^ error 
information on a particular channel is used as raw data which is sampled and 
integrated over time to ani ve at a quality sums for that channel 

Parity errors are integrated using two time finmes for each of the different 
service types inchiding POTS, ISDN, DDS, and DSl, to determine channel status. 
The first integration routine is based on a short integration time of one second for all 
sendee types. The second routine, long integration, is service dependent, as bit error 
rate requirements for various services require differing integration times and 
monitoring periods as seen in Table 4. These two methods are described below. 

Referring to Figures 4 1 , 42, and 43, the basic short integration operation is 
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described Wlymaparityem)rofachanz)cli5detectedbythcCXMUS6»apari 
intenvpt is disabled by setting the interrupt priority level above that of tbe parity 
interrupt (Figure 41)« If a modem alarm is received wticb indicates a received 
signal failure, parity errors will be ignored until tbe fiulure condition ends. Thus, 
some failure conditions will supersede parity error monitormg. Such alarm 
conditions may include loss of signal, modem failure* and loss of synchronizanon. 
If a modem alarm is not active, a parity count table is updated and an error timer 
event as shown in Figure 42 is enabled 

When the error timer event is eiuibled the channel monitor 296 enters a mode 
wherein parity error registers of the CXMU 56 arc read every 10 milliseconds and 
error counts are summarized after a one second monitoring period Generally, the 
error counts are used to update the channel quality database and determine which (if 
any) dianneb require re-allocation. Tbe channel quality table 300 of the da t abas e 
contains an ongoing record of each chaxmel. The table organizes tbe history of the 
channels in cat^<»ies such as: current ISU assigned to tbe channel staxt of 
monitoring, end of monitoting, total error, errors in last day, in last week and in last 
30 days, number of seconds since last error, severe errors in last day, in last week 
and in last 30 days, and current service type, such as ISDN, assigned to die channel. 

As indicated in F^ure 4 1 , after the parity interrtqx is disabled and no active 
alarm exists, the parity counts are t9)dated and the timer evem is en^ Tbetimer 
event (Figure 42), as indicated above, includes a one second loop wbere tbe errors 
are monitored As shown in Figure 42, ifthe one second loop has not elapsed dse 
enm counts are continued to be tq>dated. When tbe second has elapsed the errors 
are summarized Iftbe summarized errors over the one second period exceed an 
allowed amount indicating that an allocated channel is comqned or bad as 
described below, channel allocator 304 is notified and ISU transmission is 
reallocated to a different channel. As shown in Figure 43, uiien the reallocation has 
been coflq>leted the intemqn priority is lowered below parity so that channel 
monitoring continues and the channel quality database is updated concerning tbe 
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actions taken. The reaiiocation task may be accomplished as a separate task from 
the error timer task or performed in conjunction with that task. For example, the 
reallocator 304 may be part of channel monitor 296. 

As shown in Figure 44 in an alternate embodiment of the error timer task of 
Figure 42. channels can be determined to be bad before the one second has el^Tsed. 
This allows the channels that are determined to be cornqxed during the initial 
portion of a one second interval to be quickly identified and reaitocated without 
waiting for the entire one second to el^se. 

Instead of reallocation, the power level for transmission by the ISU may be 
increased to overcome the ingress on the channel However, if the power level on 
one channel is increased, tibe power level of at least one other channel must be 
decreased as the overall power level must be kept substantially constant If all 
channels are detennined bad, the &ult isolator 302 is notified indicating the 
probability^ a critical fitilure is present, such as a fiber break. If the summarized 
errors over the one secoiKi period do not exceed an allowed amount indicating that 
the allocated channel is not corrupted, the interrupt primty is lowered below parity 
and the enror timer event is disabled. Such event is then ended and the channels 
once agun are monitored for parity errors per Figure 41. 

Two issues presented by periodic parity monitoring as described above must 
be addressed in order to estimate the bit errc»' rate corresponding to the observed 
count of parity errors in a monitoring period of one second to determine if a channel 
iscomipied. Tliefirstisdienatuitof parity itself. Accepted practice for data 
formats using block error detection assumes that an enored blod: represents one bit 
ofesTor, even though the error actually r^)resents a large number of data bits. Due 
to the nature of die data transport system, errors injected into modulated data are 
expected to ran^mize the data. This meaxts that the average errored fifame will 
consist of four (4) exrored data bits (excluding the ninth bit). Since parity detects 
only odd Ut errors, half of all errored frames are not detected by parity* Therefore, 
each parity (frame) error induced by transport interference represents an average of 
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8 (data) bits of error. Second, each monitoring parity error represents 80 frames of 
data (10 ms/I2S ps). Since the parity error is latched, all errors will be detected, but 
multiple errors will be detected as one error. 

The bit enor rate (BER) used as a basis for determining when to reallocate a 
channel has been chosen as 10*^ Therefore, die acceptable number of parity errors 
in a one second interval that do not exceed 10*' must be determined Toestabiish 
the acceptable parity errors, the probable number of frame errors represented by 
each observed (mcmitored) parity enor must be predicted, (jiven the number of 
monitored parity errors, the probable number of frame erron per monitored parity 
error, and the number of bit errors r ep r e s ented by a finme (parity) error, a probable 
bit error rate can be derived 

A statistical technique is used and the following assunq>tions art made: 

L Errors have a Poisson distribution, and 

2. If the number of monitored parity errors is small (< 10) with 

respect to die total number of ''samples" (100), the monitored 
parity etrc^ rate (PER) reflects the mean fiitne error rate (FER). 
Since a nK>nitored parity error (MPE) represents 80 frames, assumption 2 isq>lies 
that ±t number of frame errors (FEs) "behind* each parity error is ecfual to 80 PER. 
That is, for 100 pari^ sanqdes at 10 ms per sample, die mean number of fi«me 
errors per parity error is equal to 0.8 times die count of MPEs in one second For 
example, if 3 MPEs are observed in aone second period, the mean number of FEs 
for each MPE is 2.4. Multiplying the desired bit entente times the sample size and 
dividing the bit errors per frame error yields die equi valent number of frame 
errors in die sample. Hie number ofFEs is also equal to die product of die number 
ofMPEs and die number ofFEs per MPE. CHven die desired BER, a soludon set for 
the following equation can be determmed 
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•n»e Poisson distribution, as follows. « used to compute the probabiUty of* given 
number of FEs lepresented by a MPE (x). «»d assumption 2. above, is used to arrive 
at the mean number of FEs per MPE in). 

•* t 
z! 

Since the desired bit error rate is a maximum, the Poisson equation is ai^lied 
successively with values for X of 0 up to the maximum number. Thesum of these 
probaKUties is the probabiUty that no more than X fiame etiots occurred for each 

m<Mutored parity enor. 

The results fi>r a bit error rate of 10-* and Wtenors per ftame error of 1 andS 

are shown in TaUe 3. 



Table 3: Bit Error Rate ProbabiUty 



BitEnors 
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Maximum Frame 
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per Frame 
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Errors/Monitored 


Enors/Monitored 


Probability of 




Errors 


Parity Error (x) 


Parity Error 


BER<-10-' 


8 


2 


4 


1.6 


98% 


3 


3 


2.4 


78% 


4 


2 


3.2 


38% 


I 


8 


% 


6.4 


80% 


9 


7 


7.2 


56% 


10 


7 


8.0 


45% 



Using this tedxnique, a value of 4 monitored parity cnors detected during a 
one second integration was determined as the threshold to reallocate service of an 
ISU to a new channel. Thisresultisarrivedatby assuming a worst case of 8 bit 
errors per ftame error, but a probability of only 38% that the bh enor rate is bettcr 
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than 10"^ The product of the bit citor per frame, monitored parity errors and 
maximum frame errors per monitored parity error must be 64, for a bit error rate of 
10*^ (64 errors in 64k bits). Therefore, when the sampling of the parity eirors in the 
error timer event is foitr or greater, the channel allocator is notified of a corrupted 
channel. If the sampled monitored parity errors is less than 4« the tntemqpt priority 
is lowered below pariQ^ and the error timer event is disabled, ending tibe timer error 
event and die channels are then monitored as shown in Figure 4L 

Hie following is a description of the long integnoion operation performed by 
the background monitor routine (Figure 45) of the channel monitor 296. The 
background monitor routine is used to ensure quality integrity for channels requiring 
greater quality than the diort integration 10*' bit error rate. As the flow diagram 
shows in Figure 4S, the background monitor routine operstes over a :^ified time 
for each ser%ice type, updates the channel quality database table 300, clean the 
badcground count, determines if the integrated errors exceed the allowable limits 
determined for eadi service ^pe, and notifies the diannel allocator 304 of bad 
channels as needed. 

In operation, on one second intervals, the background monitor updates die 
channel quality database t^le. Updating the channel quality data table has two 
purposes. The first purpose is to adjust the bit error rate and number of errored 
seconds data of error free channels to reflect dieir increasing quality. The second 
purpose is to integrate intermittent errors on monitored channeb wiiicfa are 
experiencing error levels too low to result in short integration time reallocation (less 
than4 parity errors/second). Channels in this category have &eir BERand numbers 
of errored seconds data adjusted, and based on the data, may be re-allocated. This is 
known as long integration time re*alIocation, and the defiuilt criteria for long 
integration time re^allocation for each service type are shown as follows: 
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Service 
type: 


Maximum 
BER: 


Integration Time: 


Errored 
seconds 


Monitoring 
Period: 


POTS 


io-» 


I second 






ISDN 




157 seconds 


8% 


I hour 1 


DDS 


10' 


157 seconds 


0.5% 


1 hour 1 


DSl 




15,625 seconds 


0.04% 


7 hours 1 



Because POTS service does not require higher quality than 10*\ corrupted channels 
are sufficiency eliminated using the short integration technique and long integzation 
is not required. 

As one example of long integration for a service type, the background 
monitor shall be described with reference to a channel used for ISDN transport* 
Maximum bit error rate for the chaxmel may be 10^, the number of seconds utilized 
for integration time is 1 57* the maximum number of errored secozKls allowable is 
8% of die 157 seconds* and the monitoring period is one hour. Therefore, if the 
summation of enored seconds is greater than 8% over the 157 seconds in any one 
hour monitoring period, the channel aUocator 304 is notified of a bad channel for 
ISDN transport 

Unallocated or unused channels, but initialized and activated, whether used 
for reallocation for non-concentration services such as TR*8 or used for allocation or 
reallocation for concentration services such as Tll-303, must also be monitored to 
insure that ttey are Mi bad, thereby reducing Ae chance that a bad channel will be 
allocated or reallocated to an ISU 100. To monitor tmallocated channels, channel 
monitor 296 uses a backup manager routine (Figure 46) to set up unallocated 
channels in a loop in order to accumulate error data used to make allocation or re- 
allocation decisions. When an unallocated channel experiences errors, it will not be 
allocated to an ISU 100 for one hour. After the channel has remained idle 
(unallocated) for one hour, the channel monitor places tte channel in a loop back 
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mode to see if the channel has improved. In loop back mode^ the CXMU 56 
conunands an initialized and activated ISU 100 to transmit a message on the channel 
long enough to perform short or long integration on the parity errors as appropriate. 
In the loop back mode, it can be determined whether the previously corrupted 
channel has improved over time and the channel quality database is i^Klated 
accordingly. V/hen not in the loop back mode, such channels can be powered down. 

As described above, the channel quality database includes information to 
allow a reallocation or allocation to be made in such a manner that the channel used 
for allocation or reallocation is not corrupted. In addition, the information of the 
channel quality database can be udlixed to rank the unallocated channels as for 
quality such that they can be allocated eflfectively. For example, a diannel may be 
good enough for POTS and not good enough for ISDN. Another additional channel 
may be good enou^ for both. The additi^ channel may be held for ISDN 
transmission and not used for POTS. In addition, a particular standby channel of 
very good quality may be set aside suds diat vAm ingress is considerably high, one 
diannel is always available to be switched to. 

In addition, an estzmate of signal to noise ratio can also be determined for 
both unallocated and allocated channels utilizing the equalizer 214 of the MCC 
modem S2 upstream receiver architecture as shown in Figure 26. As described 
earlier, the equalizer was previously utilized to determine whether a channel was 
idle such that it could be allocated. During operation of the equalizer, as previously 
described, an error is geiierated to update the equalizer coefficients. The magnitude 
of the error can be taapped into an estimate of signal to CK>ise ratio (SNR) by signal 
to noise monitor 305 (Figure 26). Likewise, an unused channel should have no 
signal in the band. Therefore, by looking at the variance of the detected signal 
within the unused FFT bin, an estinute of signal to noise ratio can be determined. 
As the signal to noise ratio estimate is directly related to a probable bit error rate, 
such probable bit error rate can be utilized for channel monitoring in order to 
det^mine Aether a bad or good channel exists. 
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Therefore, for reallocation for nonconcentraiion services such as TR-8 
services, reallocatioo can be perfonned to unallocated channels with such 
unallocated channels monitored through the loopback mode or by SNR estimation 
by utilization of the equalizer. Likewise, allocation or reallocation for concentration 
services such as TR*303 services can be made to unallocated channels based upon 
the quality of such unallocated channels as determined by the SNR estimation by 
use of the equalizer. 

WiA respect to channel allocation^ a channel lUoeator routioe for channel 
allocator 304 examines the channel quality database table to detenstine which DS(H- 
channels to allocate to an ISU 100 f<Mr a requested service* The channel allocator 
also checks the status of the ISU and channel units to verify in-service status and 
proper type for the requested service. The channel allocator attempts to maintain an 
optimal distribution of the bandwidth at the ISUs to permit flexibility for channel 
reallocation. Since it is preferred tiiat ISUs tOO, at least HISUs, be able to access 
only a portion of the RF band at any given time, the channel allocator must 
distribute channel usage over the ISUs so as to not overload any one section of 
bandwidth and avoid reallocating in*$endce channels to make room for additional 
channels. 

The process used hy &e channel allocator 304 is to allocate equal numbers of 
eachISUtypetoeadibatidofdianneIsofthe6MHzspectruaL If necessary, in tise 
channels on an ISU can be moved to a new band, if &e current ISU band is full and 
a new service is assigned to the ISU. Likewise, if a channel used by tn ISU in one 
band gets comxptedr die ISU can be reallocated to a channel m another subband or 
bend of channels. Remember that the distributed IOC channels continue to allow 
communication between the HDT 12 and the HISUs as an HISU always sees one of 
the IOC channels distributed throughout the spectrum. Generally, channels with the 
longest low^error rate histoty will be used 5isL In this way, channels which have 
been marked bad and subsequently reallocated for monitoring purposes wiU be used 
last, since their histories will be shorter than channels whidi have been operating in 
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a low enor cooditioD for a longer period 

5>r^nd gmbediniCTt of Teteohotiv Transport System 
A second embodiment of an OFDM telephony transport system* referring to 
Figures 36-39 shall be described. Tlie 6 MHz spectrum aUocttiM is shown in 
Figure 36. Ilie 6 MHz bandwidth is divided into nine channel bands eones^ 
to the nine individual modems 226 (Figure 37). It will be recognized by one skilled 
in the art that less modems could be used by combining identical operations. Each 
of the channel bands includes 32 channels modulated wiA a quadrature 32-ary 
format (32-QAM) having Bve bits per symbol. A single channel is allocated to 
support transfer of operations and control data (IOC control daa) for 
communication between an HDT 12 and ISUs 100. This channel uses BPSK 
modulation. 

Tlie transport architecture shall first be desoibed with respect to downstream 
transmission and then with respect to upstream transznission. Referring to Figure 
37» the MCC modem S2 architecture oftbe HDT 12 will be described. In the 
downstream directsw, serial telephony information and control data is i^lied from 
the CXMC 80 through the serial inter&ce 236. The serial data is demultiplexed by 
demultiplexer 238 into parallel data streams. These data streams are submitted to a 
bank of 32 cfaannd modems 226 which peifonn symbol mapfnng and fist Fow 
transfomi(FFT) functions. The 32 channel modems output time domain satnples 
whidi pass through a set of mixen 240 that are driven by Ae synthesizer 230. The 
mixers 240 create a set of frequency bands that are or^gonal, and each band u 
^filtered through die filter/comlnner 228. The aggregate ou^ of the 
fiher/combiner 228 is then up-converted by synthesizer 242 and mixer 24 1 to the 
final transmitter frequency. The signal is then filtered by filter 232, amplified by 
amplifier 234, and filtered again by filter 232 to take off any noise content The 
signal is then coupled onto the HFC distribution network via telephony transmitter 
14. 
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On the c^wnstream end of the HFC distributtOQ network an IS^ 100 
includes a subscriber modem 258 as shown in Figure 38. The downstream signals 
are received from'tbe ODN 18 through the coax ieg 30. and art filtered by filter 260 
which provides selectivity for the entire 6 MHz band. Then the signal is split into 
two paru. The first part provides control dau and timing information to 
synchronize clocks for the system. The second part im>vide$ the telephony data. 
With the control data received separately from the telephony data, this is referred to 
as previously described above as an out of baiKl ISU* The out of band control 
channel which u BPSK modulated is split off and mixed to basebaixl by mixer 262. 
The signal is then filtered by filter 263 and passed throtq^h an automatic gain control 
stage 264 and a Costas loop 266 where carrier phase is recovered The signal that 
results is passed into a timing loop 268 so timing can be recovered for the entire 
modem. The IOC control data, which is a byproduct of the Costas loop, is passed 
into the 32 channel OFDM modem 224 of the ISU 100. The second part of the 
downstream OFDM waveform is mixed to base band by mixer 270 and associated 
synthe»zer272. The ou^oflhe mixer 270 is filtered by filter 273 and goes 
through a gain control stage 274 to prepare it for receptioGL It then passes into the 
32 diannel OFDM modem 224. 

Referring to Figure 39» the IOC control data is hard limited through function 
block 276 and provided to microprocessor 22S. The OFDM telephony data is 
passed through an analog to digital converter 278 and input to a first-in first«out 
buffer 280 where it is stored. When a sufiSctent amount ofinformation is stored, h 
is accepted by the microprocessor 22S where the remainder of die demodulation 
process, including application of an FFT, takes place. The microprocessor 22S 
provides the received dau to the rest of the system through the receive dau and 
receive dau clock interfile. The fast Fourier transform (FFT) engine 282 is 
implemented off the microprocessor. However, one skilled in the art will recognize 
that the FFT 282 could be done by the microprocessor 22S . 

In the iq>strtam direction, dau enters the 32 channel OFDM modem 224 
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through the transmit data ports and is convened to symbols by the microprocessor 
22S. Tliesesymbok pass through the FFTengitie 282, aiKi the resulti^ 
domain waveform, including guard samples, goes through a complex mixer 284. 
The complex mixer 284 mixes the waveform up in frequency and tfie signal is then 
passed through a random access memory digital to analog converter 286 (RAM 
DAC). The RAM DAC contains some RAM to stcHet9saQ4)les before being 
q;>plied to the analog portion of the ISU upstream transmitter (Figure 38)* Referring 
to Figure 38, the OFDM output for upstream tranqxm is filtered by filter 288* The 
waveform then passes through mixer 290 where it is mixed under control of 
syn^izer 291 tq> to the transmit frequency. The signal is then passed through a 
processor gain control 292 so that amplitude leveling can take place in the upstream 
path. The upstream »gnal is finally passed through a 6 MHz filter 294 as a final 
selectivity before upstream traiismission on the coaxial leg 30 to the ODN 18. 

In the upstream direction at ^HDT 12 side, a signal received on diie coax 
from die telephony receiver 1 6 is filtered by filter 244 and amplified by amplifier 
246. Hie received signal, which is orthogonally frequency division multiplexed, is 
mixed to baseband by bank of mixers 248 and associated synthesizer 250. Each 
output of ^ mixers 248 is then filtered by baseband filter bank 252 and each output 
time domain waveform is sent then to a demodulator of the 32 channel OFDM 
modems 226. The signals pass through a FFT and the symbols are mapped back 
into bits. The bits are then multiplexed together by multiplexer 254 and applied to 
CXMC 56 tfirou^i the other serial interface 256. 

As shown in this embodiment, the ISU is an out of band ISU as utilization of 
sq>arate receivers for control data nmi telephony data is indicative thereof as 
previously discussed. In addition, the separation of the spectrum into channel bands 
is further shown. Various other embodiments as contemplated by the accompanying 
claims of the transport system are possible by building on the embodiments 
described herein. In one embodiment, an IOC control channel for at least 
synchronization information transport, and the telephony service channels or paths 
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are provided into a single format The ICX: link between the HDT 12 and the ISUs 
100 may be implemented as four BPSK modulated caniers operating at 16 kbps» 
yielding a data rate of 64 kbps in total. Each subscriber would implement a simple 
separate transceiver, like in the second embodiment^ which continuously monitors 
the service channel assigned to it on the downstream link separately from the 
telephony channels. This transceiver would require a nmed oscillator to tune to the 
service IOC channel Likewise, an IOC channel could be provided for channel 
bands of the 6 MHz bandwidth and the channel bands may include orthogonal 
carriers for tele(4iony data and an IOC channel that is received separately from the 
reception of the orthogonal caniers. 

In another embodiment, instead of 4 BPSK channels, a single 64 kbps IOC 
chatmel is provided This single channel lies <m tfie OFDM frequency structure, 
although the symbol rate is not con^>atible with the telephony symbol rate of OFDM 
framework. This single wide band signal requires a wider band receiver at the ISU 
i 00 such ^ the IOC link between the HDT 12 and ISUs is always possible. With 
single channel support it is possible to use a fixed reference oscillator that does not 
have to tune across any part oftfae band in the subscriber units. However, unlike in 
the first embodiment where the IOC channels are distributed across the spectrum 
allowing for narrow band receivers, the power requirements for ^ embodiment 
would increase because of the use of the wide band receiver at the ISU 100. 

In yet another embodiment, the IOC link may include two IOC channels in 
each of 32 OFDM channel groups. This increases die number of OFDM caniers to 
34 from 32 in each gn)\q>. Eadi channel group would consist of 34 OFDM channels 
and a channel band may contain 8 to 10 channels groups. This approach allows a 
narrowband receiver to be used to lock to the reference parameters provided by the 
HDT 12 to utilize an OFDM waveform, but adds the complexity of also having to 
provide the control or service information in the OFDM dau path format Because 
the subscriber could tune to any one of the channel groups, the infonnation that is 
embedded m the extra carriers must also be tracked by the central office. Since the 
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system needs to support i timing acquisition rtquircment, this embodiment may also 
require that a synchronization signal be place off the end of the OFDM waveform. 

it is to be understood, however, that even though numerous characteristics of 
the present invention have been set forth in the foregoing description, together with 
details of the structure and function of ttie invention, the disclosure is illustrative 
and changes in nutters of order, shape, size, and arrangement of tbt parts, and 
various properties of ^ operation may be made widiin die principles of the 
invention and to tfie full extent indicated by the broad general meaning of the terms 
in which the i^ypended claims are e}q)ressed 

In the following detailed description of the preferred embodiments, reference 
is made to the accompanying drawings that fotmapart hereof, and in >^ch are 
shown by way of illustration q)edfic embodiments in which this invention may be 
practiced It is understood that other embodiments may be used and structural 
dbanges nuy be made without departing from ^ scope of the claimed invention. 

Figure 70 shows one embodiment of this invention having an apparatus, 
generally indicated as FFT system 2100, wiuch performs both forward and inverse 
FFT functions. The input/output signals to FFT system 2100 include some (or, in 
one preferred embodiment, ail) of the following: real data*in 2111 (having an N*bit- 
wide data path; in one embodiment, this is 1 0 bits wide, and bi-directional so it can 
be both written to and read from), imaginary data-in 21 12 (having an N*bit-wide 
data path; in one embodiment, this is 10 bits wide, and bi^iirectional so it can be 
bodi written to and read from), address in 2 U 3 (having enough bits to specify 
addresses for each inp^ value or input-value pair), control and clock lines 21 14 that 
control writing (and reading) data from the input side, test signals 21 IS, size-selea 
bits 21 16, bit^^wtb^Iect bits for each of? stages including bit-growth-1 bits 
21 17 through bit-growth*P bits 21 18, forward/inverse select signal 2119 which 
specifies whether to perform a forward or inverse transform, power-down command 
signal input 2109, teal data-out 2121 (having an M*bit-wide data padi, in one 
embodiment, this is 10 bits), imaginary data-out 2122 (having an M«t»t-wid^ 
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path, in one embodimcm, this i$ 10 bits), address out 2123 (hiving enough bits to 
specify addresses for each output value or ovapvx value pairXin one embodiment, 
these are driven by an external device to select output vilues as they are needed), 
control and clock lines 2124 that control reading dau from a»e output side, overflow 
signal 2125 which indicates that one or more ovxpvx values has overflowed, and FFT 
complete signal 21 26 which is activated when a transforai has been completed. 

j^«^ir?ini F«hrie«rion 

In one embodiment, the FFT system 2100 is fiibricated on an application- 
specific integrated circuit r ASICT) 2101. a chip fiibiicated by LSI Logic Inc. In 
this embodiment, full scan testing circuits are included into the ASIC 2101 for 
testabiliQT. In this embodiment. FFT system 2100 is ftbricated in LSI Logic 
LCB500K technology, which is a 0.5 micron rule. 3 J Voh CMOS (complementary 
metal-oxide semioondnctor) process. 

FiinerioMl Deyrip^nn Overview of FFT SvStaallflQ 

In one embodiment. ASIC 2101 has four ptas. nat select 21 16, to select 
between ttte various transform sizes 0-e.. transforms having 2" points; 
where 5sNi 10, thus providing selectobility for a 1024^>oint transfwm. a 512.point 
transform, a 256-point transform, a 1 28-point transform, a 64-pdnt transfonn. or a 
32-pouit transform). In one application, transfonns are ctn^deted in less than 125 
microseconds. See Ae "Execation Time** section below for ^ minimum clock 
frequoicies necessary to meet this requirement In one embodiment, «dien 
perfoiming a I024i)oint transform, a clock of at least ai^ximately 32 MHz is 
required. In one embodiment, when performing a 5 12-point transform, a clock of at 
least api»oximately 16.5 MHz is required. In one embodiment, when performing a 
32-point transform, a clock of at least ^)proximately 4 MHz is required. 

Figure 71 is a block diagram of modem 2400 according to ±e present 
invention vAask includes a FFT system 2100 configured to perform an IFFT in 
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transmitter section 2401 (similar to the transmitter shown in Figxirt 21) and another 
FFT system 2 100 configured to pcrfonn an FFT in receiver section 2402 (similar to 
the receiver shown in Figure 26). 

in one embodiment, ASIC 2101 has three logical banks of RAM which are 
configurable as shown in Figure 72: an input RAM 2251 (containing a plurality of 
real input values 224 1 and a plurality of insaginary input values 2245), an output 
RAM 2253 (containing a plurality of real output values 2243 and a {^uraiity of 
imaginary ou^ values 2247), and a conversion RAM 2252 (containing a plurality 
of real conversion values 2242 and 2244 and a plurality of imaginary conversion 
values 2246 and 2248). In one embodiment, input RAM 2251 has 1024 complex- 
value positions, each 20 bits wide (10 bits wide for each real input value 224 1 and 
1 0 bits wide for each imaginary value 2245), output RAM 2253 has 1024 
compiex^vaiue positions, eadi 20 bits wide (10 bits wide for each real output value 
2243 and 10 bits for each imaginary output value 2247) and conversion RAM 2252 
has 1024 complex-value positions, each 30 bits wide (15 bits wide for each real 
conversion value 2242 and 2244 and 15 bits wide f<» each imaginary conversion 
value 2246 and 224S). (The 5 extra low-order real bits 2244 and 5 extra low«crder 
imaginary bits 2248 in each position of the conversion RAM 2252 help to avoid loss 
of precision durii^ calculations.) The intenul functions of ASIC 2101 have 
exchisive access to tiie conversion RAM 2252 and perform die FFT calculations out 
of this convennon RAM 2252. Tlie input RAM 2251 is accessible to the user's input 
device as an ii^ut to tfie FFT system 2100 (to be written under external control with 
iiqMitdata). The output RAM 2253 is accessible to the user's ou^ut device as an 
output source (to be read under external control to obtain output data). In one 
embodiment, ttie rising edge of an approximately 8-KHz fiame clock 2108 is used to 
start the computation of each transform (e.g., either a 1024-point FFT, or a 1024- 
point IFFT). 

In one embodiment, the functions of all three banks of RAMs are also 
"permuted" on the rising edge of this 8-KHz frame clock 2108, before each FFT 
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calcuittion starts. As used herein, this ''permutation'' changes the function of each 
bank of RAM without actually moving dau: input RAM 22S 1 becomes conversion 
RAM 2252, conversion RAM 2252 becomes output RAM 2253. and output RAM 
2253 becomes input RAM 225L Note that, in this embodime&u no RAM dau is 
moved when the functions are permuted. Figure 73 shows one embodiment of a 
physical implementation vAudti provides the function of input RAM 225 1 « 
conversion RAM 2252, and output RAM 2253. Bank coonol block 213 1 pennutes 
the function of Ac (Aysical RAM banks 2151« 2152 and 2153 at the rising edge of 
frame clock 2139. One of die functions of bank control state machine 2131 is to 
coturol the routing of data ^ugh RAM input multiplexers (MUXs) 2171, 2172, 
and 2173 and the routing of dau tfirough RAM ouqnxt multiplexers (MUXs) 2181, 
2182, and 2183. For example, at a first given state, bank control 2131 controls 
input*select blodc 2132 to ii^ daU into physical RAM bank 2151 (in (me 
embodiment, jAysical RAM bank 2151 includes 1024 ten-bit real values and 1024 
ten4)it imaginary values). Thus, in the first state, physical RAM bank 2151 acts as 
logical tnpttt RAM bank 2251. Once ail ofthe desired first set ofi]q>ut values (tq) to 
1024 valoes or pairs of values) have been ii^Hmed, thefiame clock 2139 is driven 
to change the state of bank control 2131 (permuting die diree RAM bank's 
respective functions) to a second state, in which bank control 2131 controls input* 
select block 2132 to input dau into physical RAM bank 2152 and bank control 2131 
controls conversion*seiect blodc 2133 to direct confutation accesses for dau into 
physical RAM bank 2151. (The five low-order bits of values used for computation 
are always provided from physical RAM bank 2154.) Thus, in ^ second sute, 
physical RAM bank 2152 acts as logical input RAM bank 2251 and physical RAM 
hank 2151 acts as logical conversion RAM bank 2252. Once all of the desired 
second set of input values (up to 1 024 values or pairs of values) have been inputted, 
the frame clock 2139 is driven to change the state of bank control 2131 (permuting 
the three RAM bank's respective functions again) to a third state, in which bank 
control 213 1 controls input-select block 2132 to input dau into physical RAM bank 



141 

2153, bank control 2131 controls conversion-select block 2133 to direct 
computation .accesses for data into physical RAM bank 2 1 52, and bank control 2131 
controls output^select block 2 134 to direct output requests for accesses for dau from 
physical RAM bank 2151. Thus, in the third state, physical RAM bank 2153 acts as 
logical input RAM bank 2251, physical RAM bank 2152 acts as logical conversion 
RAM bank 2252> and physical RAM bank 2151 acts as logical output RAM bank 
2253. Once ail oftbe desired third set ofinput values (up to 1024 values or pairs of 
values) have been infMboi - and the first set of conveited output values (up to 1024 
values or pairs of values) have been outputted then fte frame clock 2 1 39 is driven 
to change d>e state of bank control 2131 (permuting dvee RAM bank's 
respective fimcticms again) back to the first state, in which bank control 2131 
controls tnput-select block 2132 to input data into ^ysical RAM bank 2151, bank 
control 2131 controb eonvetsion*select block 2133 to direct computation accesses 
for data into physical RAM bank 2152, and bank control 2131 controls ou^ut*select 
block 2 1 34 u> direct output requests for accesses for data from physical RAM bank 
2153. llius, in the first state, physical RAM bank 2151 again acts as logical input 
RAM bank 2251, fdiiysical RAM bank 2153 acts as logical conversion RAM bank 
2252, and physical RAM bank 2152 acts as logical output RAM bank 2253. 

At the beginning of each transform (i.e, FFT/IFFT (fast Fourier transform or 
inverse 6st Fourier transfom)) process, the functions of the RAM bank memories 
(the mapping of RAMs 2151, 2152, and 2153 to RAMs 2251, 2252, and 2253) are 
permuted. The omvetsicm RAM 2252 becomes the output RAM 2253, the input 
RAM 225 1 becomes the conversion RAM 2252, and the output RAM 2253 becomes 
the input RAM 2251. Each RAM (2251, 2252, and 2253) has its own independent 
control and clodc signals (21 14, 2128, and 2124, re^>ectively). While the current 
transform is being calculated in conversion RAM 2252, the results of the previously 
calculated FFT/IFFT may be read from the ouq>ut RAM 2253 and the data for the 
next FFT calculation may be asynchronously and simultaneously written to the input 
RAM 2251. In one embodiment, access to the input RAM 2251 and ouq>ut RAM 
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2253 IS restricted for 3 clodc cycles (one prior to and two after) relative to the rising 
edge of die finme clodc. This allows the RAM permutation to proceed safely 
without undesinU>Ie data loss* 

Forward Fast Fftimer Transform (TFn and 
Invwsg Fast Foufier Transform HPFT^ 

In one embodiment, FFT system 2100 is implemented on a single integrated 
circuit QC) that perfonns both a forward FFT and an inverse FFT CnTT, also 
called a reverse FFT). A pin, forward/inverse signal 2119, selects between the two 
types of transform^ The inverse FFT uses the identical calculation sequence as the 
forward transform, but the complex values (i.e^ real and imaginary) of the twiddle 
factors and butterfly coefiBcients are coiyugi^ relative to these values used for the 
FFT. A forward FFT is defined to convert a time*domain signal into frequency* 
domain signals and, in one embodiment, is used in the transmitter 240 1 of modem 
2400 (see Figure 71). An inverse FFT is defined to convert frequency-domain 
signals to time-domain signals and is used in the receiver 2402 of the modem 2400. 

In <me embodiznoit, the underiying structure of FFT system 2100 si^^ 
five radix-4 butterfUes (Le., butterfly operations) us^le to perform ^ 1024ix>int 
transforms CFFT and DFFT). Tbe butterflies and stages are reduced for lower-order 
transfi»ms. (In one embodiment, every other twiddle &ctor of the 1024-point 
twiddie*£Ktor lookup table 2610 is used when calculating tbe 512*point transforms 
by fencing to zero the low-mder address bit to the twiddle*&ctor iockap table 26 1 0. 
Every fourth twiddle &ctor of ^ 1024-point twiddle-ftctor lookup taUe 2610 is 
used ^^len calculating tbe 2S6*point transforms by fordng to zero the two low-order 
a<kiress bits to the twiddle-&ctorlooki9 table 2610.) In one embodiment, all FFT 
transforms are calculated by using radix-4 butterflies, except for the last stage of the 
S12*point, 128*point and 32-point transforms, vAidx use tbe radix«4 stiucnire to 
perform a radix*2 butterfly. (Obvious extensions are made if odker transforms are 
used). Thus, the 1024-point traxisfoims use five stages of ndix-4 butterflies, the 
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S 1 2*point tnnsfonns use four stages of r»dix«4 butterflies followed by one stage of 
a radtx«2 butterfiyt etc. 

SalinyftfFFrottput 

In one efflbodimeat, scaling is controlled by ten external pins (bit-growth 
signals 21 17 though 2118) the ASIC 2101. Two pins are used for each of the 
five passes required for the 1024* and S12^inttransfocnL Tbe use of two pins at 
each stage allows a scaling fiictor (e.g.« a shift right of each intensediate result 
value) of from 0 bits to 3 bits which exceeds tbe nominal bit growtfi of 1 bit 
observed in tbe inventor's analysis. In one embodiment, die binary ntimber 
represented by each pair of pins indicates die number of binaiy places that the 
results of each calculation are to be shifted right (divided) by before they are placed 
back into conversion RAM 22S2* Note that in one such embodiment scaling the 
result after each butterfly operation requires at least some wotidng registers to 
maintain bits greater than tbe MSB of the IS-bit values (each for real and imaginary) 
in the internal conversiM RAM 2252t and the scaling to be i^Ued prior to s^ 
in the conversion RAM 2252. 

Romd-Qflygmcgtioni atmtfion. and iwaling 

In one embo^eat, each input and output number is represented by 10 bits 
(i«e., 10 bits for each real portion, plus 10 bits for each imaginaiy portion of a 
complex pair of numbers). Numbers are represented as two's-complement 
fractioittl arithmetic with die binary point immediately to the ri^ of the sign bit 
Fracdonal arithmetic helps prevent multiplies from causing overflow* Tbe result 
portion of a double^^recision multiply which is used is tbe upper fifteen bits. 

Number growth b managed by the 10 scaling pins (bit growth signals 2117- 
2118) mentioned previously. In addition, tbe ASIC 2101 uses saturation logic that 
prevents number roll over. That is to say, that if tbe result of an addition or 
substraction exceeds the maximum value that can be represented in IS bits, the 
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result is rq^Uccd by a value representing the minimum possible integer. Likewise, 
if tbe result of an addition or substiaction is less than the minimum value that can be 
represented in IS bits, tbe result is replaced by a value representing the minimum 
possible integer. 

In one embodiment, ASIC 2101 has tbe following registers for real and 
complex data: 10*bitii^RAM2251 and IO*bttoutpmRAM22S3,a2ida 15 bi^ 
conversion RAM 2252. The input values are presented as a two*s coaq)lement 
firactional binary value (2.bbbbbbbbb)« In die interoal conversion RAH the five 
extra Ints are MfpeoM at the bottom (i.e., low«order position) of die input wonl. 
The resulting f<»mat is an extended 2*s<omplement value in ^ internal conversion 
RAM 2252 ( e*g., s.bbbbbbbbbxxxxx, where s is sign, b's are significant ii^ut bits, 
and x's are extra bits to maintain precision). Note that in one embodiment any 
extensi<m bits in tbe woridng registers exteiKi tbe »gn Int to achieve the desired 2*s* 
complement results. 

In one embodiment, at tfie output of each transform pass, the result is shifted 
down as specified by tbe signals provided into tbe scaling pins 2 11 7-2 1 1 8 for that 
pass. Theou^RAM2253aIignsprecisely withthet^per tObitsofth^ 
ccmversira RAM 2252, in a manner similar to the input RAM 225 1 
(s.bbbbbbbbbxxxxxX each output value (after the final growth £ictor is applied prior 
to storage in the internal conversion RAM 2252 is rounded to produce the output 
results (s.bbbbU>bbr). 

PowarPown 

In one embodiment, die ASIC has a single pin, power-down signal 2109, to 
control power down that gates off the internal clock in the ASIC, and places tbe 
ii^)ut RAM 2251 and output RAM 2253 into a low power suue. In one 
embodiment, access attempts to those RAMS 225 1 and 2253 while in the low power 
state will be unsuccessful. 
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FifiieiitiQn Time 

The maximum FFT execution firequency requires that a 1 024«point transform 
be completed in 125 microseconds based ona 32 MHz dock. 

An ^proximately 8>KHz frame clock 2108 is provided to die ASIC 2101 to 
signify the beginning ofatransfoim cycle. Priw to the rising ed^ of this dock, the 
previous FFT should be complete. Table 5 below summarizes the dock frequency 
to perform a 1024^int and a 5 12-poim FFT in 125 microsecoods. 



Table 5: FFT Clock required to perform a transform la 12S microseeonds 



Transform Size 


Clock cycles per 


Ctock Frequency for 125 




conversion 


ftSec conversion rate 






(MHz) 


1024 


384S 


30.8 


512 


1925 


15.4 


256 


775 


6.2 


128 


390 


3.1 


64 


150 


1.2 


32 


80 


0.64 



FFTFuntaional Blocks 

The ASIC is partitioned into the following major functional blocks. 

1. RAMbanks 2151. 2152. 2153 

2. Sequeaeer2640 

3. Dual radix (2, 4) core 2600, induding multipliers 2620 through 2627 

4. Twiddle'foctorlodoQ) table 2610 

The algmithm used is a decimation in time (DID FFT. The algorithm used is 
an in place algcnidun which means that the results of each butterfly are put bade into 
die same locations that the operands came from. Tlte algotidim assumes digit 
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reversed inpm order and nonnaloutp^ Since the three banks of RAMs are 
independent, the reordering of the input dau is done internally to the ASIC. This 
reordering is transparent to die user. Thus the user writes die dau into the input 
RAM bank in normal order and read the data from the output RAM bank in normal 
order. If the user requires some other ordering, this may be accomplished by simply 
pennuting die address line ordering. 

The order of the memory for ail transform sizes are given in the section titled 
**Seqtteaten'* 

Mtmm Bank! 

The ASIC 2101 includes three banks of RAM that are individually 
addressable. The RAM banks 2251, 2253, and 2252 are used for ii^ut data, output 
data and conversion data, re^)ecdvely. Tbc three banks are used in order to obtain 
real-time execution of the FFT and to allow independent clock rates for the input 
and output of data in order to accommodate clocking needs of those devices 
connected to it In one embodiment, die ix^ut RAM bank 2251 and output RAM 
bank 2252 are each organized as 1024 twenty-bit words. The lower 10 bits of each 
20-btt word are used for real data, and die upper 10 bits of each 20-bit word are used 
for imaginary data. The conversion RAM bank 2252 is organized as 1024 dxirty*bit 
words. In one embodiment* die lower 15 bits ofeacbtfairty-bit word are used for 
real data and die tqyper 15 bits for imaginary data. The connectivities of die diree 
RAM banks of memory are controlled by a state machine which is advanced by the 
S-KHz frame signal 210S. Tlie state machine has three states i^cfa are defined in 
Table 6 as follows: 
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Tabic 6: Typical processing states of ncBoiy banks. 



State 


BAhfKA 


BANKB 


BANKC 


0 


Inpttt 


Convert 


Ouq>ut 


1 


Convert 


Ou^ 


Input 


2 


Output 




Convert 



In one embodiment, the RAM banks do not have a reset ForiqMitand 
ouqnit, they are accessed at a niasdmum of 10.24 MHz rate. In one embodiment, a 
dead time of one clock cycle before the rising edge of the S*KHz clock 2 lOS and 
two clodc cycles after is required to assure the safety of the RAM bank switching. 
The ASIC 2101 clocks the data in on the rising edge of the input clock and clocks 
data out on the rising edge of the output clock. 

Actual operation of the conversion RAM 2252 is a bit more complicated than 
is implied above. Acmally osiy the top 10 bits of the conversion RAM 2252 
participates intbe bank switdiing between RAMs 2151, 2152, and 2153. Tbe lower 
5 bits 2154 are dedicated the conversion RAM 2252. Since all numbers are MSB 
aligned, no shifting needs to be done on input or ouqKiL However, the last stage of 
tbe FFT calculation rounds the results to ten bits. This eliminates a bias Oat would 
result had the results simply been tnmcated The rounding is accomplished by 
adding a one to tbe eleventh bit position and then truncating this result 

ScquCTCcr2640 

The sequencer 2640 manages the processing of the FFT system 2 100. Tbe 
sequeticer 2640 controls tbe generation of addresses for the conversion RAM bank 
2252 and the twiddle &ctor ROMs 2610 through address generation blocks 2642 
and 2641 respectively^ Sequencer 2640 also configures Ae calculation commands 
for the radix butterfly calculator 2630. In addition, sequencer 2640 monitors the 
calculations for overflow. If at any time during the course of FFT calculation, an 
overflow ot underflow is detected, then a flag is set indicating tfiat the results of the 
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FFTaiesuspecL This overflow flag is passed along with the output data block 
when the RAM banks ait switdwd. Thus the flag pin 2125 indicates that the output 
data block presently being read out of the output RAM bank 2253 may not be 
accurate. Tlus flag 2 1 25 may aid the system designer in providing an indicator for 
AGC (automatic gain control). 

Dual radix (2, 4) core 2600 

The dual radix core 2600 is the arithmetic element of die ASIC 2101. In one 
jwtfcrred embodiment, it includes eight 16*it-by-l6^ multipliers (2620 through 
2627) and thirty-two multiplexed adder-subtmctor-accumulators 2633 . In another 
embodiment, it includes twelve 16-bit.by.l6-bit multipliers and eight multibianched 

adder/subtiactor/aeeumulatMS. 

Figure 74 shows one embodiment of a dual radix core 2600. Indie 

^^inw^t shown in Figure 74, conversion RAM bank 2252 is shown as part of 
the dual radix core. la odier embodiments, convetsicm RAM bank 2252 is a 
separate functional unit, iwt considered part oftbe dual lacfix cote 2600. In Figure 
74. the data fetched fiom conversion RAM bank 2252 is fetched into holding latches 
2612, with both the real (i.e^ X3R. X2R. XIR, and XOR) and imaginary parts (i.e., 
X3I. X2I, XII, and XOI) of four points being fetched in parallel, substantially 
simultaneously. As shown m Figure 74. die real and imaginary dau fetched from 
conversion RAM bank 2252 is addressed by address geneiatioo circuit 2642 which 
provides four separate addresses to conversion RAM bank 2252. Therealand 
imaginary part ofa single point both use the same address. The four separate 
addrciww allow different sets of points to be fetched simuluneousiy during various 
stages of the transform operation. 

As further shown in Figure 74, die data fetched from conversion RAM bank 
2252 includes real-and-imaginary pairs denoted X3, X2. XI and XO. The data point 
pairs being denoted are X3 which includes X3R and X3I, X2 which includes X2R 
and X2I, XI which includes XIR and XII, and XO which includes XOR and XOI. In 
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one embodiment, tbe data fetched from conversion RAM bank 2252 is held for two 
successive multiplier clock cycles in holding latches 2612^ so that the same value 
gets multiplied in each of two multiply cycles. Tbe contspoodiiig twiddle Victors 
are fetched on every clock cycle from twiddle factor iook*^) table 2610. For 
example in one embodiment, on even clock cycles the real components for four 
twiddle factors are fetched in parallel denoted WOR, WIR, W2R, and W3R. These 
four real twiddle factors are fed to multipliers 2620 and 262U 2622 and 2623, 2624 
and 262S, and 2626 and 2627, respectively as shown, and mult^ted by tbe real and 
imaginary con^nents of all four data value pain fetched from conversion RAM 
bank 22S2. The products of these eight multipliers 2620*2627 are fed through 
routing logic 2634 into all thirty*two adder/subcractor accumulators 2633 of row- 
column amy 2632. On the successive odd multiplier dock cycle, four imaginary 
twiddle fiMtors are then fetched, shown as W0I,WiI,W2I and W3L Assbown, 
imaginary twiddle £Ktor WOI is fed to both multiplier 2620 and multiplier 262 1 . 
Similarly, imaginary twiddle bctot Wll is fed to botfi multiplier 2622 and 
multiplier 2623. Imaginary twiddle bctor W2I is M to multiplier 2624 and 262S 
and inuLginaiy twiddle &ctorW3lb fed to multipUer 2626 and 2627^ Forthe 
second multiplier clock, tbcse eigiu multipliers are again fed widi the same complex 
point data sdU held in holding latches 26 1 2 as was used in Ae first clodc multiplier 
cycle. Again after die second clock multiplier, the ei^ products are fed tisrough 
routing logic 2634 and accumulated in adder/subtractor accumulators 2633. Note 
that each twiddle fiictor value in twiddle fiictor loctosp table 26 1 0 is a conq)lex 
number having a real and imaginary part (in this embodiment, tbe real and 
imaginary parts are stored in successive locations uiiicb are fetdied on successive 
clodc cycles, thus presenting 4 real values followed by four imagiiuay values) and 
each point value m conversion RAM bank 2252 is also a complex number having a 
real part axul an imaginary pan (in this embodiment, the real and imaginary parts arc 
stored in side-by-side locations which are fetched on only every other clock cycle, 
thus presenting 4 real values and four imaginary values on every other clock cycle). 
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These elements are configured to perfonn t radix-4 butterfly calculation. The 
radix-4 butterfly calculations needed to provide a 1 024^mt FFT or IFFT and the 
selection of addresses and twiddle coefificients for the, e.g., 1024 points used for 
each of the five passes needed fc^ a conoplete 1024<jx>int transfonn are easily 
calculated and are weU kMwn in the art (see, for exan4>le, chapters 6 & 
Theory and Application of Digital Signal Processing by Lawrence IL Rabiner and 
Bernard Cold, Prentice*HaU Inc, published in 1975; and page 612 et seq. of 
Discrete-Time Signal Processing by Alan V. Oppenbeim and Ronald W. Schafer, 
Prentice-Hail Inc, published in 1989). Although a radbc*2 transfonn is also required, 
a separate radix*2 calculates is not reqtured because tf^e radix-2 ^>ention is a subset 
of the radix-4 operation. Only the operands actually needed for the radix-2 
operation are actually loaded. The remainder are set to zero. All arithmetic is 
performed in mcfa a manner that, if an overflow or underflow should occur, then the 
results saturate. This [^events roll-over from contaminating the results. The 
function performed by the dual-radix core 2600 for a Fadix-4 butterfly operation 
supporting the forward transfonn is the following: 

A'^A^BW^^^CW^-^DW^ 
B'^A- JBW^ - CW^ + JDW^ 
C ^A^ BW*^ + Cff^ • DW^ 
D' ^A^jBW^^-CW^-jDW^ 

where A, B, C and D are tf»e four input points. A', B*, C and D' are the fottr output 
points, and and are the twiddle coefiBciems. 

The fioKtioa performed in a reverse transform is simply die complex 
conjugate of tfie above set of equations. 

A' ^A^BW^-^CW^-^DW^ 

B'^A^JBW^- CW^ -jDW^ 

C ^A- BW^^-^CW^- DW^ 
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Note that the twiddIe*£ictor W which is used for each A on the right side of the 
above equations is one (i.e., the complex number 1 jO). 

The multiplication of two complex numbers, each having a real part and an 
imaginary part, for example results in the following equation: 
XO X WO » (XOR jXOI) X (WOR + jWOI) « 

(XORx WOR • XOIx WOI) + j(XOIxWOR + XORxWOI) « 
XORx WOR + jXOIxWOR (c-g., the first multiplier cycle in multipliers 2620-2621) 
- XOIx WOI + jXORx WOI {e.g.. the first multiplier cycle in multipliers 2620-262 1 ). 
Thus four multiplier operations art needed for each complex multiply operation. 

In order to speed the transform fimction, the Actors for the parallel 
multipliers are fetched in parallel under the control of control and clocking 
sequencer 2640. Routing logic 2634 routes the producu of multipliers 2620- 
2627 to the thirty-two adder*subtractor-accumulators 2633. In one embodiment, 
ei^t multiplier cycles, CO Arough C7, are used to generate four radix-4 butterfly 
operations, resulting in sixteen con^lex output values. For discussion purposes, 
row<olumn amy 2632 is shown having four rows (A, B, C, and D) and four 
columns (W,X,Y, and Z) of complex value pairs. The real value and the imaginary 
value of each of Aese sixteen cc»m>lex value pairs has its own associated adder- 
subtractor-accumulator 2633, f<^ a total of thirty-two adder-subtiactor-accumuhuors 
2633, as shown in Figure 74 and Figure 91. In one embodiment, scaling-factor shift 
logic 2644 (under die control of bit-growth selector 2643) is provided in the path 
between adder-subtractor-accumulatofs 2633 and conversion RAM bank 2252. The 
scaling-factor shift logic 2644 provides a right-shift ftmcdon of 0 bits, 1 bit, 2 bits or 
three bits (divide by 1, two, four or eight respectively) on each ou^ut data value as 
it is being returned to conversion RAM 2252. Bit-growth pins 21 17 through 21 18, 
which control the divide function for each of the passes are coupled to bit-growth 
selector 2643 under control of sequencer 2640. 

Figures 75-82 are a table 2800 showing the order of calculations for a 
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•^nonntl butieifly sub-operation.'' The data points in conversion RAM 2252 arc 
arranged within conversion RAM 2252 such that the four input points for one radix* 
4 operation are each located in different sub^banks if the points are successively 
addressed (e.g., addresses 0, K 2, and 3 are each in different sub-banks, e.g., sub- 
banks 2290, 2291. 2292, and 2293 respectively), but poinu whose addresses differ 
by a factor of4 are located in the same bank (e.g.« addresses 0,4, 8, and 12 are all 
within bank 2290, as are addresses 0, 16, 32, and 48, addresses 0, 64, 128, and 192, 
and addresses 0, 256, 512, and 768). The butterfly passes for this second set of 
points (those vAosc addresses-mod-4 are equal) are handled by the equations shown 
in the table of Figures 75-82, Figure 75 shows the operations at each of the thirty- 
two addcr-subtractor-accumulators 2633 at a multiplier clock cycle command 
denoted CO. For example, at CO, the adder-subtractor-accumulator 2633 for the real 
portion of the AW point in row<olumn array 2632 (called the AWR accumulator) 
gets loa(ted with the output (called WR) of multipUer 2620, and the adder- 
subtractor-accumulaxor 2633 for ^ imaginary portion of the DZ point in row- 
column amy 2632 (called the DZI accumulator) gets loaded with the ouqnit (called 
ZI) of multipUcr 2627. By performing load operations at dock CO, the previous 
values ofdie accumulators do not need to be zeroed As shown in Figure 91, 
multipUers 2620, 2621, 2622, 2623. 2624, 2625. 2626 and 2627 produce products 
caUed WR, XR, M, YR, n ZR and ZI, respectively, however the -R ^ 
designations of tiiese products are not strictly correlated to real and imaginary 
numbers. Figure 91 also shows ^ row and column locations f<^ the diirty-tw^ 
adder-subtraci(»*accumulators 2633, widi AWR shown in the tqpper-left comer and 
DZI in ^ lower right comer. 

Figure 76 shows the operations at each of tiie thirty-two adder-subtractor- 
accumulators 2633 at a multiplier clock cycle command denoted CI. For example, 
at 01, the adder-subtractor-accumulator 2633 for the real portion of the AW point in 
row<olumn array 2632 (called the AWR accumulator) gets loaded with the 
difference of subtracting from its previous value (called AWR, &is value happens to 
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be the WR value loaded in cycle CO) the output (called WI) of multiplier 2621, and 
the adder-subtractor-accumulator 2633 for the imagioary portioo of the DZI point in 
row<colum& array 2632 (called the DZI accumulator) gets loaded with the sum of its 
previous value (called DZI, this value happens to be the ZI value loaded in cycle 
CO) and output (called ZR) of multiplier 2626. 

Similarly, Figures 77 through 82 show the operaiioos whidi take place at 
multiplier clocks C2 through C7, respectively. 

Since each complex-multiply operation takes a total of four multiplier 
operations, and two multipliers (e.g., &e pair 2620 and 2621) are used, two 
multiplier cycles are needed for each complex*multiply operati<Ki. In a 1024«point 
transform (i.e., either an FFT or an IFFT), four of the five passes involve sets of four 
points wherein aU four points are in a single sub*bank <e.g., 2290), and therefore 
must be fetched on four successive even<todcs. Each ofthese four passes takes 
eight docks* called CO through C7. These four passes art each called **iiormal 
butterfly.*' Table 2S00 shows the order of calculation for all of the suboperations for 
one embodiment of a normal butterfly (calculating four radix-4 butterfly operations 
in eight multiplier dock cydes), where each of the four points for one nidix-4 
butterfly are in the same sub-bank (e.g., either sub-bank 2290 or 2291 2292 or 
2293). 

Figures 83*90 ire a table 2810 showing the order of calculations for a 
*%ansposed butterfly suboperation.** The transposed butterfly sub-operation is 
used for one pass ofeach transform performed. Hie data points in conversion RAM 
2252 are arranged wiOin conversion RAM 22S2 such that the four input points for 
one ndix«4 operation are each located in different sub^banks if tiie poiiits are 
successively addressed (e.g., addresses 0, 1, 2, and 3 are each in different sub4)aQks, 
e.g., sub-banks 2290, 2291, 2292, and 2293 respectively). The transposed butterfly 
passes for this one set of points (those whose addresse$*mod-4 are equal) are 
handled by the equations shown in the table of Figures S3*90. Figure 83 shows the 
operations at each of the thirty-two adder-subtractor«accumulators 2633 at a 
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multiplier clock cycle conunand denoted CO (fx>te that only eight adder*$ubtractor* 
accumulators 2633 are affected, the other twenty*four do nothing). For example, at 
CO, the adder*subtnctor-accumulator 2633 for the real portion of the AW point in 
row-column amy 2632 (called the AWR accumulator) gets loaded with the result of 
a four-way addition of the ompats (called WR ^ XR YR ZR, these axe the real- 
times-reai portions) of multipliers 2620, 2622, 2624 and 2626, and the adder- 
subtractor^accumulator 2633 for the inuginary portion of the AZ point in row- 
colunm array 2632 (called the AZI accumulator) gets loaded with the sum/difference 
of outputs (called WI • XR - YI 4- ZR) of multipliers 262U 2622, 262S, and 2626, 
respectively. By performing load operations at clock CO with no accumulation of 
the prior value (e.g«, in AWR), the previous values of the accumulators do not need 
to be zeroed Note that, since all four points for a single butterfly operation can be 
fetched simultaneously from conversion RAM 2252, and the results of the 
respective multiply operations must all be combined as they are formed, five*way 
mixed add/subtraa operations are provided for by each addcT'^subtractor- 
accumulator 2633. 

Figure S4 shows the operations at each of the thiity*two adder-subtnctor- 
accumulators 2633 at a multiplier clodc cycle command denoted CL For example, 
at CI, the adder«sufatr»ctor-accumulator 2633 for the real portion of the AW point in 
row<olumn anay 2632 (called the AWR accumulator) gets loaded with ibt result of 
a five-way subtracti<m/addition of the ouqyuts (called AWR • (WI 4* XI ^ YI Z3), 
these are the tmagiDary-limes-ifflaginaty portions) of multipliers 2621 , 2623, 2625 
and 2627 and the prior contents of AWR. The adder-subtnctor«accumulator 2633 
for the imaginary p<x6xm of the AZ point in row-column amy 2632 (called the AZI 
accumulator) gets loacfed with the sum/difference of outpute (called AZI -KWR ^ XI 
• YR * ZD) of multipOers 2620, 2623, 2624, and 2627, respectively. 

Similarly, Figures 85 throt^ 90 show the four-way and five-way operations 
which take place at multiplier clocks C2 through C7, respectively. Table 28 10 
shows ibc order of calculation for one embodiment of a transposed butterfly 
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(calculating four »dix-4 butterfly opaations in eight multiplier clock cycles), wtere 
each of the four points for one ndix«4 butterfly are each in different sub-banks (e.g., 
one point in sub-bank 2290» one point in 2291, one point in 2292, and one point in 

2293). 

T%yjHdlg.Factnr l^kup Table 261Q 

In one embodiment, the twiddle-factor lookup table 2610 (also called a sine- 
cosine ROM lookiq) ublc) comprises 512 fifteen^it words, wherein four words can 
be fetched in parallel Each coo^lex twiddle factor value pair is fetched 
sequentially, wherein the first 1 5-bit word represents the real part of the twiddle 
factor value pair and the second 15-bit word represents the imaginary part, and four 
values are fetched simultaneously (i.eM four real values, having 60 bits total, are 
fetched on an even clock - e.g., clocks CO, C2, C4 or C6 - and four imaginary 
values are fetched on the following odd clock ^ e.g., clocks C 1 , C3, C5 or C7). In 
another embodiment, the twiddle £Ktor lookup table 2610 comimses of 256 thirty- 
bitwords. The iqiper 15 bits refnsent the real part of the twiddle fiurtorv^^ 
lower 15 bits represent the imaginary pan Although 1024 complex-value pairs art 
requiied In order to produce a 1024«point FFT or IFFT» the values are not unique, 
and the number of twidde factors was reduced by a fiictor of four 
the single trigonometric identities in mapping 360 degrees of twiddle &ctors to a 
90-degree lookup table. In one embodiment, the twiddle-ftctor loobq> table was 
designed to tntnimiyg DC ofiEset caused by integer-based twiddle &ctors. 

Figure 92 shows a more-detailed block diagram of an adder-subtractor- 
accumulaK^ 2633. In one embodiment, multipliers 2620 throu^ 2627 are each a 
16-bit-by-16-blt multiplier. In one embodiment, only the iqjper-ordcr 16 bits of the 
resultant product are passed by MUX 2834. (In one embodiment, MUX 2834 is part 
of router logic 2634.) Adder-subtractor 2833 performs a five-way 
addition/subtraction as defined in Figures 83-90 and the two-way 
addition/subtraction as defined in Figures 75-82, under the control of sequencer 
2640. In one embodiment, accumulator 2835 maintains enough bits above the 
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binary point to accomodtte overflow bits tad to provide an indicition of overflow 
which does not get lost as further addition/subtractions are performed on ihe 
accumulating data (in ^jer embodiments, one, two, or three such bits are 
maintained). 

Input und Oumm Timing 

Below is the detailed timing for one embodiment of ^ input and ouq>ut 

RAMs. 



Table 7: Read Cycle for output RAM bank 2253 
NOTE: The RAM clocks for tise input and output banks are limited to 10.24 MHz. 



Symbol 


Panuncters 


Condition 


Nom 


Tec 


Qock Cycle Time Puise 

Width 


Minimum 


20 ns 


Tchpw 


Mmimum Positive CK 
Pulse Width 


Minimum 


6ns 


Tclpw 


Minimum Negative CK 
Puise Width 


Minimum 


6ns 


Tavch 


Address valid to CK high 


Minimum 


4 ns 


Tchax 


CK high to address change 


Minimum 


UOns 


Tchdox 


CK high to Data Output 
change 


Minimum 


2ns 


Ted 


CK high to data valid 


Maximtmi 


ISns 


Toe 


Ou^ Enable time 


Minimum 


0ns 


T02 


Output Disable time 


Maximum 


7ns 
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Table 8: Write Cycle for input RAM btok 2251 

NOTE: The RAM clocks for the input and output banks are limited to 10.24 MHz. 



Symbol 


Panmeters 


Condition 


Nom 


Tec 


Clock Cycle time 


Minimum 


20 ns 


Tchpw 


Minimum positive CK 
pulse width 


Minimum 


6ns 


Tclpw 


Minimum negative CK 
puise width 


Minimum 


6ns 


Tavch 


Addxess vaUd to CK low 


Minimum 


4ns 


Tchax 


CK low to address change 


Minimum 


1 ns 


Twch 


-WElowtoCKlow 


Minimum 


4ns 


Tchw 


CK tew to -WE high 


Minimum 


Ins 


Tdivch 


Data Input valid to CK low 


Minimum 


4ns 


Tchdix 


CK low to Data input 
change 


Minimum 


1 ns 


Tcl^v 


CK tew to Data Output 
valid 


Maximum 


ISns 


Tchdox 


CK tew to Data Output 
change 


Minimum 


2ns 



Paetaiyefef AaCSIOl 

Package Dimeastoos and Piaout for one embodiment: 

Hie ASIC 2101 generates 5V TTL output levels and accepts 5V CMOS or 5V 
TTL input tevds. 

TTL lapat Levels are defined as follows: 
VILmax*0.8Volts 
VXHmin- 2.0 Volts 
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CMOS InpQX Levels are defined as follows: 

VIL max - O^^VDD {0.9V < VIL < 1.1 V over 4.5V to 5.5V VDD range) 

Vm min - 0.7*VDD (3.15V < VIH < 3.85V over 4.SV to 5.5V VDD range) 
TTL Output Levels: 

VOLmax-0.4Volts 

VOH min •2.4 Volts 

Functional Tests 

Testing is broken down into a funcnonal segment to verify device 
fimctionaUty and a scan segment to test for fruits in the physical »^ Inonc 
embodiment, the vectors are included in a test bench compatible with LSI Logic's 
tools. The functicms to be tested in the device are listed below. 

a. FFT/IFFT Operation • Vectors arc provided which are 
characteristic ofthe expected use in die system. The frequency 
domain vectors are passed tfirough an inverse transform (with 
^)propciate bit scaling) and the results stmd. The vectors are 
(hen passed through a forward trastsfonn (with appropriate 
sealing), and this final result analyzed. These tests are 
performed for die 1024-» 512% and 256-potnt transforms. Hiere 
are 10 frames of data for each test Tlie test bench includes 
1024 vecton for the 1024-point transform* 5120 for the 512* 
point transform, azKi 2560 for die 256^int transform. There 
are twice this number of vectors passed through the device to 
con^lete the test The total number of test vectors for this test 
segment are about 36000. 

b. FFT/IFFT Verification - A single sinusoid is passed through Ac 
128*, 64-, and 32-point transforms. Both forward and reverse 
directions are tested 

c. Bit Grovrth Tests. Eachbit-growdipin(2117-2ll8)is 
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exercised for the 1 024- and S 1 2*point transform in the forward 
and revefse direction. 

d. ' Poim Down Tests -The device is placed io the middle of a 

transfonn, then powered down. The outputs are evaluated for 
correct state. The device is then asked to perform a forward and 
reverse transfonn to validate that the device can function after 
the reset 

e. Overflow Tests - An overflow condition is induced, and the 
device evaluated for correct respcmse (e.g. ^ overflow pin is 
actuated and the event does not cause an adder to wrap around). 
The test includes an overflow in the positive and negative 
direction. 

f. Reset • The device is placed into the middle of a transform 
operation, then reset The ouQnits are evaluated for correct 
state. The device is then asked to perfonn a forward and 
reverse transform to validate that the device can function after 
the reset 

Figure 93 is a hi^ievel block diagram of one embodiment of modem 
receiver 2402 as shown in Figure 71. Tbe analog itcdved signal*in is first 
processed by b8n(^iass«and«down<onvert block 27S0. In one embodiment, the 
analog recdved signal*in is dtfaer 425 to 600 MHz SSO to 770 MHz, and is 
converted by baiidpasfr<nd-dowp«»vert block 2750 to a signal which is 100 kHz 
on both sides ofatS.432 MHz center frequency. In one embodiment, the nming 
stq> size is 99 MHz. In one embodiment, analog-to-digital decimator system 
(ADDS) 2850 On one embodiment, this is a Sigma*Deita decimator system ^ uses 
a Sigma-Delta analog4o-digital converter 2S40) converts dus band-limited signal 
into decimated I and Q quadrature signals, each 15 bits wide, which have a symbol 
rate of 288 K symbols per second (denoted 288 KBS), which are dien processed by 
FFTblock2849. In one embodiment, FFTblodc 2849 is equivalent to FFT system 
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2100 of Figure 70. The ou^uts of FFT block 2849 are then processed by post- 
processing block 2990 into digital dau out 

Figure' 94 is a more detailed block diagram of modem receiver 2402. 
Analog received signal in is fed to band-pass filter (BPF) 2740 vAdch limsu the 
input signal to either 425 to 600 MHz or SSO to 770 MHz. Tlie signal is then 
amplified by variable*gain amplifier 274 1 , and mixed by mixer 2742 widi a 
demodulator signal of either 627-802 MHz or 752*973 MHz generated by signal 
generator 2747 as controlled by i^iase*iocked*loop bkxdc 2746. The mixer 2742 
produces a differtnce*firequency signal centered at 202.752 MHz which is filtered by 
BPF 2743. The resultant signal is again amplified* tiiis time by variable-gain 
amplifier 2744, and then mixed by mixer 2745 widi a demodulator signal of either 
22 M 84 MHz generated by signal generator 2749 as controlled by phase-locked- 
]oop block 2748. The resultant signal is an analog signal centered at 18.432 MHz 
and having a 200 kHz bandwidth. 

The resultant 18.432 MHz analog signal is then passed to an analog-to^gital 
decimator which, in this embodiment, is denoted as the components encircled by the 
dotted line referenced as Sigma-Delta decimator system (SDDS) 2850*. The exact 
mix of components which are included in SDDS 2850 can vary from embodiment to 
embodiment 0-e.» vAkot the dotted line for SDDS 2850* is drawn may vary). 

In Figure 94, the 18.432 MHz analog signal is passed through BPF 2839 
which is centered at 18.432 MHz. The 221 .183 MHz signal is divided by divider 
network 2838 to produce a 73.728 MHz signal ^ch drives Sigma-Delta converter 
2840» and two 18.432 MHz Agnate (one of wtich is 90 degrees shifted firom the 
other) which drive digital VQ detector 2841 . Sigma-Delta converter 2840 is any 
conventional Sigma-Detta converter^ such as described in An overview of Sigma* 
Delta Converters, by Pervez M. Aziz et al.. Vol 13, No. 1, IEEE Signal Processing 
Magazine, January 1996, which is hereby incorporated by reference. Sigma Delu 
converter 2840 achieves high resolution by oversacq)iing the input signal at a 
fiequency much above the Nyquist frequency, and by providing a negative feedback 
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path wbich uses an analog representation. y,[n] of the quantized output signal x(n}. 
Figure 95 shows one such Sigma Deltt converter 2840, having difference block 
2860 that forms u[n} which is input x[nj minus feedback yjnj. Signal u(n] then is 
processed by discrete^ime integi«or 2863 and quantizer 2864, which is simply a 
comparator. By providing a sampling frequency w*idi is high enough, the Sigma- 
Delu convener 2840 allows the use of a 1-bit quantizer to achieve high overall 
resolution. 

Referring back to Figure 94, the 73.728 MHz quantized output of Sigma- 
Deltt converter 2840 is coupled to digital I/Q block 2841 . In one embodiment, 
digital 1/0 block 2841 is simply two 2-i:^ AMD-gates; one input of both AND 
gates is connected to the 73.728 MHz quantized output of Sigma-Delu converter 
2840, the other input oftbe first and the second AND-gite is coupled to the 0* and 
the 90' 18.432 MHz outputs of divider 2838. The outputs of digital I/Q detector 
2841 are thus two serial streams, that represent 1 and Q quadrature signals 
respectively. The serial I and Q signals are then fed to coarse decimator and MUX 
2842, w*ich eottvats Ae two serial streams into a single N-bit-wide time- 
multiplexed l/Q parallel stream. In one embodiment, this timennultiplexed I/Q 
parallel stream is 10 bits wide. This time-multiplexed I/Q paraUel stream is clocked 
at 1304 MHz, and provides 10 bits of I followed by 10 bits of Q, thus having 1.152 
million sanqdes of I interleaved in time with 1.152 million samples of Q. This time- 
multiplexed I/Q parallel stream is tiien fed to I/Q demux 2843 which de-multiplexes 
the time-multiplexed l/Q parallel stream into separtte I and Q streams clocked at 
1.152 MHz eadu and each 10 bits wide. These sqwrate I and Q streams are tiien 
^ go cess ed by three digital-processing blocks: DC-ofEtet adjust block 2844 that 
digitally adjusts for DC (direct current) balance, DSjgain adjust block 2845 that 
digitally adjusts tiie dedmated signal gain, and DS.mix block 2846 that digitally 
adjusts the phase. 

The Sigma Delto decimator system (SDDS) 2850 is a N-bit A-to-D converter 
^ch generates a one-bit serial data stream havii^ resolution and accuracy of N bits 
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(in one embodiment, 15-bit resolution is obtained; in another embodiment, the A/D 
has a 10-bit rewlution with 9.bit linearity). SDDS 2850 is tunning on the clock 
generator 2749 divided to 73.728 MHz which oversamples the SDDS ii^ut signal in 
order that it only passes dau at the 18.432 MHz * 100 kHz, approximately. The 
following dicuits 2841 - 2847 then take that 200 kHz of freqtiency that Sigma-Delu 
convener 2840 passes and shifts it down a base band, so btsieaUy it goes from 0 Hz 
to 200 kHz. TUs a relatively slow signal and tiien SDDS 2850 tuns ^ into 10-bit 
parallel words. The Sigma-Delta omverter 2840 is ou^ittting a serial I bit stream, 
which is ANDed wid» two 18.432 MHz square waves to produce serial digital I and 
Q that are two 18.432 MHz gated square waves. 

In one embodiment, the entire SDDS 2850 is integrated <m a single VLSI diip 
using 0.8 micron BiCMOS 4S+ technology ftbtiotted hy IBM Coiporatioa. with the 
analog circuits operating from a 5 volt supply voltage and the digital circuits 
operating from a 3.3 volt supply voltage. This stngie<hip implementation 
&cilitates bit growth firom stage-to-stagc in order to prevent or reduce truncation or 
round-o£f errors. Thus 10-bit I and Q signals at the output of yQ demux block 2843 
are allowed, in one embodiment, to grow to 25-Wts at the output of DS_mix block 
2846 through the digital processing of DC-ofibet adjust block 2844, DSjgain adjust 
block 2845, and DS.nux block 2846. For example, the N bits each of the I and Q 
data streams at &e ouqwt of I/Q demux block 2843 grow a little to bits after the 
digital processing of DC-of&et adjust block 2844, N** bits after DSjgain adjust 
block 2845, and JT* bits after DS_mix block 2846. Decimatocs 2847 and 284T 
select one out of every four values from tiie I and Q data streams, respectively, thus 
producing a 288 kHz rate of 25 bits each for the I and Q streams. Tbese then pass 
duDugh scaling Modes 2848 and 284r which scale each data stream to 15 bits, 
which ate denoted r and Q" and ate coupled to lS*bit FFT 2849. 

One considerati<»D with die large number of signals on such a single<hip 
implenwntation is to miniinize the number of different clock signals. Indie 
embodiments described for Figure 94, for example, this is accomplished by running 
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a ittge number of blocks from a single clock, even though some of those blocks 
might be able to nm off a different and slower clock. 
^}yrpnr" »f n«t«.rteiivefv Arehitecnge 

Refening now to Figures 96 and 97, diere is shown the overall 
aichitecnoe of a data deli^ system 500 according to another embodimem of the 
invention. Tlae dau delivery system 500 provides high speed data access to the 
home 510 or oflBce 512 (alternately referred to above in Figure I as remote units 46) 
over the HFC distribution network 1 1 using tiie infrastructure of the modem-based 
telephony transport system 10 described hereinabove. Rgure 97 iUustntes the 
integration of the data delivery elements in the HDT 12. Tic system allows users to 
have access to local coasait 520 and the Internet 530 dirough services available at 
the cable providers' premises or head end 32. 

Among other things, system 500 provides: (1) user data access 
to the Internet 530 and local content on a head-end server 520 through the above- 
described access platftxm; (2) svippon for TCP/IP and tiansparem bridging at die 
datt link li^ using a Dynamically Adaptive Tran^ott Switching (DATS) 
methodology (described below); (3) guaranteed, reliable symmetrical data service at 
transfer rates from 64 Kbps ID 512 Kbps. in increments of 64 ICbps, for 
geogtaphieaUy dispersed individuals; (4) guaranteed. leiiabie, symmetric shared 
access to a S.192 Mbps data pipe for geographically limited gtoq> of uaen 
connected in a routed CMifigurstion; (5) mixing of data and tele{^y widiin a 
single HDT 12; (6) netwcxk management for telq)bony, video, and data through 
integrated CMISE and Sra^; <7) routed service through a bead-end server, and (S) 
use of HISU ud MISU RF modem tedmology for tran^oft 

Refening now to Figures 98-100. the C^abie Data Modem 
(CDM) 535 for the system 500 preferably can take three forms: a stand-alone box 
caUed die Personal Cable Data Modem (PCDM) 540. a HISU add-in card caUed the 
Data Modem Service Module (DMSM) 550. or a MISU add-in card called the Data 
Modem Channel Unit (DMCU) 560. The stand-alone PCDM 540 has several 
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connector optioris; including standard F styte coax cable, lObascT Ethernet 542, and 
RS232 544. The DMSM add-in card preferably resides in an expansion slot on 
HISU 68 enclosure and will tenninate a customer's computer with a lOBascT 
Ethernet connection. The DMCU 560 add-in card will reside in a line<ard slot of 
the VaSU and will provide a lOBaseT Ethernet routed connection to four users. 
Customers withom an intcgnited Ethernet port can add one to their system at 

minimal cost 

The system 500 provides connection to head end 32 services via 
the DATS methodology. The DATS methodology intelligently allocates bandwidth 
in the system to maximize both transport bandwidth and number of users while 
providing guaranteed bandwidth. Under TR303A^5 switching environments a 
central resource within the HDT 12 (described below) provides the intclUgcncc to 
allocate bandwidth and eflBciently manage transport load. This capability is 
implemented at the customer end by initiating a connection to the head end 32 when 
data is available to send. When ^ session is initiated, the head end 32 equipment 
detmnines the amount of bandwidth to be aUocated to the subscriber as configured 
during prc-^visioning. The connection is maintained as needed and dropped when 
transmisaon is complete. During the time that die connection is maintained, 
bandwidth is guaranteed, providing the efficiency of packet smtching and the 
guaranteed bandwidth of connectira svd^iing. All processing is performed 
through standard TR303A^5 caU processing and therefore integrates completely with 
teiq*K»y provided over system 500. Tbe architecture of the system 500 provides 
guaranteed bandwidth and latency to all si^)orted users. As indicated in Figure 
101, up to 24 concurrent users can be supplied at 512 Kbps within a $^ 
transport channel. 

Using the DATS methodology, bandwidth is dynamically 
allocated to support a maximum of 240 users per 6 Mhz channel (e.g., sec Figure 
13)at64Kbps, Each user on the system is guaranteed 4e allocated bandwidth for 
the duration of the session. As such, the bandwidth and latency seen by the user 
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remains constant, independent of the traffic load, application type, or number of 
usen. Assuming even distribution across all ^^lications, the avera^ fiame size 
earned dovmsiream is 37g b)ies, «4ule the avenige upstream frame size is 69 b^ 

Ibe downstream latency from tbe HDT 12 u dominated by 
miiog a 512 K data pipe, all other latencies in ibc system ate inagnificant 
Therefore on average the latency to transfer a TCP/IP frame from the HDT to the 
customer is 5.9 msecs. With Forward Error Correction (FEQ disabled, the average 
latency in the upstream direction, from the customer end to d« HDT is also 
dominated by filling 1 512 K data pipe. Therefore, on average the latency to transfer 
a TCP/IP fiame from the HDT to Aecustwner is 1.0 msecs. Adding FEC will add 
vpV)7 msecs to iht upstream latency. 

TfMwport and Framing 

Hie system 500 provides transparent bridging and data 
tiazspoit A 9diematicrq>resentation of tiK data transport and framing is shown in 
Figure 102. Upstream data tra£5c begins at the custMner end equ^xnent 511 where 
frames are put out on the Ethernet link 542. The CDM 535 buffets the frames and 
encapsulates them with HDLC framing 570. TbeHDLC fiame 570 is then sent out 
over coax by a modem 101 as one or more of (be possible 240 payktads on the 
coax. The frame, along with odier data and telei^XMy streams is convened at tfie 
ODN 18 and sent to the head end 32 over optical fiber. At the bead end, the CXMU 
56 demodulates and sends the stream to the CTSU 54, where it is routed to the 
appropriate LANU5S0 as part of a MARIO data stream. The LANU 5S0 buffers 
the CMX^riete fraine, strii^nng ^ HDLC fiaining iffior to putdi^ frame on the 
local Etibcmet All routing for the Internet is performed by ti»e head-end server 590. 
The routing services could also be incorporated in LAND 5S0. 

In the case of downstream traffic, the head-end server 590 puts 
Ethernet packets on the LAN. One to potentially seven LANUs 580 examine the 
Ethernet address and selectively pick up packets destined for the customer-end 
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machines. 0dm tbe Ethernet packet has been accepted, the packet U framed in 
HDLC and seat, via a MARIO stream, to the CTSU 54 according to the routing 
established vAtca the call was initially provisiooed (ejq>lained fui^ below). The 
CTSU 54 forwards the stream to the CXMU 56 where it is sent over the HFC 

distribution networic 1 1 to the customer premises equipment 511. At Oe COM 535, 
all packets received are passed on to the local Ethernet coonectimi 542. Inthecase 
of a broadcast message, the LANU 580 at the head end wiU replicate the packet 
across all attached connectiins. Tliis allows the bridge to support protocols such as 
ARP. 

The system 500 will utilize the telephony error correction 
mechanism described above with respect to system 10. Under the telephony error 
correction scheme, forward error correction codes arc generated for upstream trafBc 
but not for downstream trafBc. Forward error correction on upstream is generated at 
the ISU 100 (KSU 6S or MISU 66) and consumes the 10th bit of each DSO. thereby 
protecting each DSO separately. The error correction can be disabled, but this is not 

recommended for data transport 

The error detection/correction processing occurs on ^ CXMU 
56 and data is detivered corrected to LANUs 580. DSlUs 48. in MARIO streams. 
Therefore, the system 500 data architecture does not expQcitly have to deal with 
error correction. Tlie CRC of Ae HDLC frames iwovide for a level of eiTor 
detecticm above die mm detection/correction of the CXMU 56. Errors detected in 
the LANU 580 wiU be rep(»ted through the SNMP agent of LANU 580. 



The data delivery hardware for the head end 32 equipment 
consists of the LANU 580 wfaidt interftces with the HDT 12. Tbe LANU 580 
includes a board responsible for all data transport to and from the head<eod server 
LAN 591. In that function, the LANU 580 operates as a point«4o-inultipoint 
coni>ecti<xi that is responsible for concentrating tq> to 128 DSOs onto a single 
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Ethernet connection. TT»e LANU 580 has the foUowing features: 

( 1 ) It sits in a DS I U 48 slot and is fonn/fit compatible with the 
HDT 12 backplane. 

(2) It ptovides 1 OBaseT Etbentet coonectioo to bead-eod LAN. 

(3) It suf^rts multiple LANUs 580 on a single LAN through a 
lOBaseT connection or fast Ethernet through hub. 

(4) It concenttstes to 128 DSOs into a single Ethernet 
Connection. 

(5) It si^pofts time slot assignmest and super-channel aggregation 
across four MARIO datt Areams independent of die CTSU 54. 

(6) It supports Dual HDT 12 LAN ports. 

(7) It maintains on-board FLASH fw Storage of q>erational code 

image. 

(8) it$»jppatsNx64serwceforsi^-diannelstvto5l2Kbp$. 
It guarantees time ordering of multi-channel calls independent 

of transport system. 

(10) It provides transparent bridging and broadcast of Ethernet 

tames between head-end LAN 591 and CDM 535. 

(11) It self-discovers Medium Access Control (MAQ addresses of 
CDM 535 and filters Ethernet frames m± on-board CAM. 

A high-level block diagram of the LANU 580 is shown in 
Figure 103. The LANU 580 preferably employs a single processor, unified memory 
design. In ttds embodiment, the main processor on the LANU 580 is the MotoroU 
MC68MH360 QUICC32 (581X tunning at 33 Mhz, which can deUver 
ap^»matB^5MIPS. The QUICC32 is actually a dual processw embedded 
controller that also contains a dedicated independent RISC processor 
communications called the CPM. The CPM along with Direct Memory Access 
(DMA) can access memory and move communication traffic without placing any 
performance burden on the main processor, fa addition to acting as 4e host 
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processor, the QUICC32 can also act as a slave. The LANU 5S0 tmplemeauuioa is 
preferably based on 4 QUICC32s with one acting as master and the remaining three 
operating in slave mode. The combination of the four QUICC32s provide the 
majority of the system peripherals. 

There are several types ofmemoiy 582 on the LANU 580. The 
first and largest is 8 MBytes of page*mode DRAM for the stot^e of LANU 
operational code. In addition to operational code, d)e DRAM also holds the routing 
tables, data buffers, and buffer descriptors needed to process data traffic. Second, 
the LANU contains 2 MBytes of FLASH memory to store an image of its 
operational code. On power-up, the image is loaded into DRAM. Finally, the 
LANU also contains 128 Kbytes of EPROM to hold boot code. The boot code uill 
load the contents of the FLASH into DRAM on power*up. If greater performance is 
desired, &st SRAM can be added to hold the data buffers and buffer descriptors for 
the data traffic. 

There are two sets ofsystem peripherals on the LANU: those 
that are contained within the QUICC32s and those that art not R^ardless of 
location, peripheral control on ^ LANU 580 is managed by the System Integration 
Module (software) (SIM) of ^ master QU1CC32. The SIM is responsible for 
managing generation of Chip Select (CS) and other conool lines. 

The most important of the system peripherals are the QMC 
HDLC controllers 586 located in the QUICC32S. The QMC of the QUICC32 can 
implement up to 32 HDLC controllers running at 64 Kbps and axe used to process 
die data traffic in die MARIO streams from the CTSU 54. The QMCs 586 can also 
xppon pxpex chaoneb by aggregating multiple 64 Kbit channels into higher data 
tale dsannels. The QMC 586 is implemented in the CPM of each QUICC32 and 
with the addition of SDMA can autonomously move communications data to and 
from main memory 582. Operation of the QMC 586 is controlled by the master 
processor 581 through the use of buffer descriptors that reside in external memory 
582. 
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In addition to the QMC 586, three additional HDLC controllers 
587 aie used to provide two 2 Mt^ HDT backplane LAN ports and a 1 0 Mbit 
Ethernet port As with ^ QMC 586, the master processor 581 «ontrob the HDLCs 
through the use of buffer descriptors, but unlike tfie QMC, these dau structures 
reside in dual ported RAM (DPR) that are internal to the QUICC32s. 

There are two additional system peripherals that reside outside 
of the master and salve QUICC32s. The first is the Rate Adaptation/Ninth Bit 
Signalingn^ime Slot Assigncr logic block (RA/NBS/TSA) 588. The RA/NBS/TS A 
588, as its name si^gests has three functions. Ihc rate adaptation function is 
responsible for converting the 2.56 Mbps, 9 bit data format of the input MARIOs to 
the 2.048 Mbps, 8 bit data format of the QMC 586 in both the receive and transmit 
directions. In both directions the RA is also responsible for managing any 
information that may be placed in the 9th bit 

TheNBS is responsible for transmitting and receiving the data 
that is carried with each DSO in the ninth bit The ninth bit is used for two distinct 
functions. In the upstream direction the nintii bit carries information regarding the 
ordering of data within a multi<hannei call. The signaling consists of a repeating 
number that indicates which time position the DSO occupies in the multi-channel 
call. The fortnatoftbetq>streaffl ninth bit signaling is shown in Table 9. 
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Table 9: UpstraiiD Niatb Bit SiguUog 



.Bit 


CoDtents 


utscnpnoD 


I 


r 


Sync Pattern 


2 




Sync Pattern 


3 


T 


Sync Pattern 


4 


"1 


Sync Pattern 


5 




Sync Pattern 


6 


"0" 


Sync Pattern 


7 


D[8} 


Order Number, Bit a [MSoJ 


S 


D[8)* 


Inv. Oroer NumDer* ott o iM5&j 


9 


D{7] 


Order Number, oit 7 


10 


D[7]» 


Inv. Order Number, mt / 


11 


D(6] 


Order Number, oit o 


12 


D{6]* 


Inv. uroer NumDcr, dii o 


13 


D[5] 


Uroer Numoer, Dti.^ 


14 


D[5}» 


Inv. Order Numoer, i>u ? 


15 


D[4J 


Order Number, du 4 


16 


DC4r 


Inv. Order Number, Bit 4 


17 


D[3] 


Order Number, Bit 3 


18 


Dl3r 


Inv. Order Number, Bit 3 


19 


Dt21 


Order Number, Bit 2 


20 


Dm* 


Inv. Order Number, Bit 2 


21 


Din 


Order Number, Bit 1 


22 


D[ir 


Inv. Order Number, Bit 1 


23 


"0" 


Sync Pattern 


24 


-0" 


Sync Pattern 



llie numbers can range fiR)m 1 to 128 with a 0 indicating that the DSO 
asngnedaposhioa. During a call* the processor 581 will monitor the ninth bit 
« gttt u from All fchmnfth and once Ae order has been established, the processor 
will configure the TSA function to order the channels. Once the order has been 
established, the processor will periodically mwutor the ninth bit signaling to detect 
any changes in ordering (i.e., frequency hoping due to excessive errors). 

In the downstream direction, the NBS is used to enable data 
transmissioiL Once the LANU 580 receives the ordering information for the 



chanoels, the processor will enable transmission by sending a data pattern over the 
downstream ninth bit of the first DSO of a multi-chAaDel call. The format for the 
""Dau Dial Tone** signaling is shown in Table 10. 

Table 10: ''Data Dial To&e*" DowBstram Niatb Bit SifDalixig 



Bit 


CoBteats 


Detcriptioii 


I 




Sync Pattern 


2 


T 


Sync Pattern 


3 


"1" 


Sync Pattern 


4 




Sync Pattern 


5 




Sync Pattern 


6 




Sync Pattern 


7 


CMD[I5] 


Command Bit IS, MSB 


S 


CMDfHJ 


CocnmandBit 14 


9 


CMD[13] 


Command Bit 13 


10 


CMD[12] 


Command Bit 12 


11 


CMD{11] 


Command Bit 11 


12 


CMD(IO] 


Command Bit 10 


13 


CMD[9] 


Command Bit 9 


14 


CMD{8) 


Command Bit 8 


15 


CMD[7] 


Command Bit 7 


16 


CMD[6] 


Command Bit 6 


17 


CMD[5] 


Command Bit 5 


18 


CMD[43 


Command Bit 4 


19 


CMDPJ 


Command Bit 3 


20 


CMD[2I 


ComfflaadBit2 


21 


CMD(I] 


Command Bit 1 


22 


CMD[01 


Command Bit 0, LSB 


23 


•V 


Sync Pattern 


24 




Sync Pattern 



Two commands are defined. Tlie first is ''Idle Sync** (bit pattern for CMD[15:0] is 
0000 0000 0000 0000) is semdurizig idle times to synchronize ^recdv^ All 
idle syncs sent fiom the LANU 580 will be synchronized tibemselves to simplify the 
reception of order information in the upstream ninth bit signaling. Tlie second 
command is ''Data Dial Tone** (bit pattern for CMD[15:0] is 1000 0000 0000 0000) 



172 

aiid is se&t once the order ofthc$uper<lunneI has been esttblish^ Thiscomnund 
will instruct the CDMs to enable transmission. 

- The TSA is responsible for ordering and aggregating channels 
that are sent to the QMCs 586, Although TSA has the ability to aggregate up to 1 28 
channels into a single data stieanu most applications will aggregate multiple super- 
channels, up to 8 DSOs per super<hannel, among fotir DSl-like channels feeding 
the four onboard HDLC controllers. For 1 to 32 DSO dau streams, the DSOs are 
aggregated and sent to the QMC 586 as a 2.048 Ml^ serial stream. Within a single 
DSl*like stream, multiple super-channels can be siq>poned by connecting to a single 
QUICC32 QMC 586. The TSA can also aggregate 128 DSOs into a single 8.192 
Mbps data stream and connect it to a QUICC32 HDLC controller. In both cases the 
TSA is configured to insure that the time ordering of die dau is maintained. 

The final peripheral that does not reside in a QUICC32 is the 
Contents Addressable Memoiy (CAM) 589. Tbe CAM performs meouHy accesses 
based i^on data rather dm address and is used to quickly determine whether an 
Ethernet fiame should be accepted Tbe Ethernet controller 587a interfaces to the 
CAM 589 dttou^ glue logic and the reject iiqxit When a fiame is received tibat is 
not in die CAM, the CAM logic asserts the reject control line and the received 
p^on of die fiame is discarded. The buffer depdi of the Ethernet controller is set 
so that no menK^y accesses are generated on rejected frames. Hie CAM is available 
off die shelf from MUSIC semiconductor. 

Hie LANU 580 sits in a DSIU 48 slot at die HDT 12 and is 
form and fit compatible widi die DSIU 48 to be backplane con^ble. TheLANU 
580 has four m^or system connecdons: MARIO 592, Edieraet 593, HDT LAN 591 
and clocking (input not shown in Figure 103). The four MARIO connecdons 
connect die LANU to die CTSU over die baclq>lane. The four MARIO connecdons 
provide up to 128 Uniirecdonal 64 Kbit channels. The Ethernet connecdon 
connects die LANU to a local 10 Mbit, lOBaseT LAN. The lOBaseT connection 
will take the place of a single Tl connection of a DSIU. The connecdon is 
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termiiutted by wire-wnpptng the lOBaseT to the ba^ 
panel For call provissoning and other system functions, the LANU 580 connects to 
two comnion 2 Mbps HDLC LANs on the backplane. Finally, system clocking is 
provided by an external source such as a Building Integratdd Timing Supply (BITS). 

Functional Description of Upstream Communications 

For iqpstrtam traffic, the HDLC framed data available on the 
MARIO interface passes ^ugh iht rate ad^>tation and TSA block iSS. In this 
block, the 2.56 Mbps MARIO interface is rate adapted down to 1048 Mbps* As 
part of rate adaption, the ninth bit of each DS(H of &e MARIO stream is stripped 
and sent to the NBS logic. The ninth bit carried an order number that is used to time 
order ^ DSOs in multi-channel calls. Once the order numbers are established, the 
processor 5S I configures the TSA to recorder the multi<hannel calls and target the 
super-channel to a QMC 5S6. For super-channeb cocqmsed of 32 or less DSOs, the 
call is placed in a single 2.048 Mbps dau stream, along widi other calls and sent to a 
QMC 586. For 128 DSO calls, the DSOs art placed in a single 8.192 Mbps stream 
that is target to a QUICC32 HDLC controller 586 configured for 8. 192 Mfc^ 
HDLC. Whether targeted to a 2.048 Mbps QMC or 8.192 Mbps HDLCt the frames 
are a ccu mu lated and tra n sm itted on the local Etfaeaaet LAN. 
FmctiQMl DcsCTiBtion rf Do^rostrtan Commmicatioas 

For downstream trafiSc, dau on flie LAN is filtered according to 
the destination MAC address. Iftfae MAC address is in tfie Content Addressable 
Meomy (CAM) 589, tiie LANU 580 win accept^ Ethernet fia^ Oncethe 
frame is accepted»1he LANU 588 accesses a routing table in memory 582 to select 
the appropriate MARIO stot for transport The frame is then scheduled for 
transmission and the HDLC controller 586 takes over. In the downstream direction 
for 32 DSO ot less calls, the HDLC controller 586 is responsible for creating the 
MARIO stream and encoding the data into HDLC format For 128 DSO calls, the 
8.192 Mbps HDLC data stream is split among the four MARIO interfiles (A*D). 
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Tbe time ordering and aggregation in the downstream direction is controlled by the 
TS A. After the data passes through tbe TSA, the ninth bit signaling information is 
added to indicate that data transmission is enabled. At the same time that the ninth 
bit signal is added, tbe data stream is rate adapted up to the 2.56 Mbps rate of the 
MARIOs, 

For data movement the on-board memory 582 provides the 
switching axKi buffering necessary to move traffic from ttie Ediemet to tbe MARIO 
and vice^versa. Tbe data switching provides a virtual circuit based upon routing 
information constructed during call provisioning that maps tbe MAC address to 
MARIO time slot Tbe LAKU 580 construcu this routing table from information 
provided during call provisioning and by examining tbe source MAC address of 
Ethernet frames received from the customer end. Tbe MAC add r es s es supported by 
the LANU are then placed in the CAM 589 where they can be used to filter Ethernet 
traffic. 

In addition to the MARIO and Ethernet imer&ces, the LANU 
580 also supports two HDT backplane LAN 591 tnterfiices at 2.048 Mbps. The 
HDT LAN is maintained by OteSCNU 58 at ^ bead end 32 and is used to pass 
configuration information to the LANU 580. The combination of LANU 580, call 
processing, and pre^visioning will provide the MARIO route (time slot in tibe 
MARIO data stream) to all customer devices. 

Cuaomcr Pnmiscs Eqapmcnt (CPE) 

Tbe CPE of the system 500 comes in dififerent implemenutions. 
Although Oe basic data framing and tran^rt renuin the same across all the 
imptemeotations tbe underiying modem technology and form factor difi^^ There 
are currently three general types of CPE defined: HSU based* MISU based, and 
Stand*alone (a variant of the HISU based implementation). Each of these 
implementations are discussed separately below. 
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Hutt Modem Service Module 

A simplified block diagnm of DMSM is shovyn in Figure 
104. DMSM 550 si9ponsi4> to SDSO*s for data tnffic. Data is interfKod to the 
HISU 68 through a Service OrowOi Module (SOM) tateifice thai impiemeots the 
bridge router fuaetioiu^ of the data cooDeedoit The bridge/router is based upon a 
68302 embedded processcu' 605 witfi 2 MBytes of DRAM 604 and 256Kbytes of 
FLASH memory 606. One embodiment of the customer inter&ce is a lOBaseT, 10 
Mbit Ethernet connection 602. The inter&ce between the bridge/router and the 
mSU modem is a Super*LUIGI (SLUIGI) inter£M:e operating at 2.048 Mbps. Data 
in the i^stream direction is accepted by the Ethernet connection and relayed to the 
HISU 101 nK)dem over the SLUIGI interfoce as HDL£ encoded data. In the 
downstream direction, data from the SLUIGI interfiice is passed to the HDLC 
controller 607 and then sent out the Ethernet connect through Ethernet controller 
609. System memory consists of 2 Mbytes of DRAM 604 which contains the 
operational code that implements ^ bridge/router functions as well as an SNMP 
agent The 256KBytes of FLASH 606 is used for storage of the operational image 
and can be updated with ITTP transfers. 

In ^ upstream directi<m» HISU inter&ce logic 608 is 
responsible for geneiating the ninth hit signaling infonnation for each DSO and 
interfttingwittittie SLUIGI stream of the HISU The 2.048 Mbps serial data from 
the HDLC controller is stuffed in the approfffiate time slots of SLUIGI interftce. 
In thecaseof 64Kbtt traffic, aQ HDLC dau is placed in a single SLUIGI time slot 
In the case of muhi^diasnels calls, all HDLC is placed in adjacent SLUIGI time slot 
receiving the first byte of HDLC data. In addition, the intetf^e logic will generate 
an order number for eadi DSO with ^Tasdgned to the first DSO and assigned to 
the last DSO, "X)** b reserved to indicate that die position of tfie DSO has not been set 
In the event of fiequency holding, the interfiice logic will continue to number &e 
DSO time-siots in the order that diey are received. For example, under normal 
drcumsumces DSO nindi bit signaling would tag the time slots as ""12345678*** for 
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an eight channel call IfDSO 4 is lost due to ingress, then the new ofder would be 
"123-45678." Tlus signaling inforroatioo is used at the head-eod to ttmda the 
DSOs independent of ti»c frequency hopping and transport services. 

In die downstream direction the HISU inter&ce logic 608 is 
responsible for ttking dau from die SLUIGI interface frotn the RF niodem 101 and 
giving it to the HDLC controller. In addition, the HISU ixttafKt logic monitors die 
nindi bit signaling information of the first DSO to detect tbe "Data Dial. Tone" 
sequence. The "Data Dial Tone" sequence is sent by the bead-end to enable dau 
transmission. During the call provistoiung process the HISU interfile logic sends 
the ninth bit ordering informatioD as soon as the SLUIOI tiflM slots indicate that 
they can accept data. It is nc^umilttie HISU interfiioe logic gets a positive 
acknoDtdedgnwnt through the "Data Dial Tone" diat data is sent to the headend in 

die i^>stream direction. 

A riffipKfigrf block diagram of a DMCU 610 is shown in Figtire 
10S.TheDMCUsi9portsi9to 128 DSOs f<» data tzifBc. Hie data inierfiKe u> die 
MISU is a specialized channel that sits on die MISU bacl^ 

Tbe basic design of die DMCU 560 b very sinsilar to the den 
ofDMSM550, TTienK)St notable diflfcrcnce is the intcrfMC to t^ 
SJ 92 Mhz serial channels. This allows die MISU intetfiioe to support a 
symmetrical S.192MbpsEdiemet connection. Because of die higher d2rougiq>ut the 
MISU is based on d>e MC68360 614 diat can support bodi die 8.192 Mbps 
connection as well as die 10 Mbit Ediemet In&ontoftbe lOMbitEdiemet 
intei£Me 612 is a router 616 diat allows four users access to the 8.192 Mbit data 
connection. The router 616 design msures security for all connected users. The 
design contains 2 Mbytes ofDRAM 618 and 2S6bytes of FLASH 619. Like die 
mSU design, die FLASH can be remotely iqidated widi TFTP. 

The DMCU 610 has an equivalent imoftce functi<xi that moves 
data from die HDLC controller 6 1 1 to the RF modem and works in a very similar 
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way to (be DMSM 600 with the exception duu the KflSU modem interfKe is 
fonnatied as two SLUIOI streams that ife clocked tt Between the two 

SLUIGI streams; 1 2S DSOs can be carried between the HDLC controller 6 1 1 and the 
modem. The MZSUmterfiKe logic 613 bitq)oii»bte for bufEnin^ 
dau over the dual S*LUIGI interfile to aiid from flic RF^modem. In the upstream 
direction the KOSU interfiKe logic 613 geoexites order numbers for each of the 128 
DSOs over the ninth Wt of the DSO^. Hie order numbenfeoerated on teMlSU 
work in the same way as they do on the HISU. In die downstream direction, the 
MISU inter&ce logic 61 3 is rt^xmsible for moving data from the S*LUIGI streams 
to the HDLC controller 61 L Hie MISU iBdahct logic also monitcHrs the ninth bit 
dau stream from the first DSO to detea die ^'Data Dial Trae** tiiat 
transmisaon. Ethernet controller 617 moves the data lo the router 616. 

Stand-alone Data Modems 

The stand-alone data CDMs are based qmi the HISU design. 
In the stand-alone designs, the RF modem 101 ofdieHISU is tightly integrated with 
tiie bride/router design, like die DMSM 600, die stand-alone stqspoits from 64 K to 
Sl2fL Ibeintetftces are identical with several options: standard ""P style 
connector to d>e cable, 10 Mbit Ethernet and RS232 connection to die customers 
equipment 

System Softwarg and Call Processing 

Intbe TR-O08/V2 system, calls are provisioned and nailed up at 
time of installation. Under this scenario an operator at die bead-end 32 is 
responsible for determining die MARIO configuration and transfer rates (64 K to 
512 K). The DATS mediodology of prescm invention utilizes TR-303A^5 call 
processing to provide dynamic allocation of bandwidth. To maintain die telephony 
oriented architecture of die access platform of die present invention, the LANU 5S0 
takes on re^nsibility of a limited subset of die Central OflSce (CO) fimcdons. 
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This ^)proich has the distinct idvan^^ 
with teiq)faony. 

At the time of deployment,* a LANU StO will be identified as a 
^'Master'LANlKmLANU). ThemLANUwiUhavetbereqiOfisibiUtytoattintam 
the CO-Uke functionality for all datt calls to die HDT 12. In Older to perfonn these 
fimctions, die mLANU will represent itself to the W Whendie 
mLANU is pre^jmvisioned, the mLANU will be given an IDT identifier and 
assigned a Tune S lot Management Channel (TM Q duund from 4ie CTSU 54 . 
Regardless of die number of LANUs S8S in die HDT 12 a aingle mLANU will 
allocate and keep track ofavaiIabIeDS(h for aU die LANUs in d^ As 
customers are configured, a Call Reference Value (CRV) for the selected CDM will 
be assigned to identify the customer. TheCRValong with the number of data 
diannels will be added to a call provisioning database on die mLANU. 

The call processing sequence for call origination is shown in 
Figures 106-109. Call processing begins when die CDM generates an *X>ff-Hook*' 
message over die IOC associated widi die HISUt MISU or Stand alone CDM 
(described above). After die **Off-Hook'' message is received at the CXMU 56 dien 
sends a **Request Service** message over the backplane. LAN 591 to the CTSU 54 
identifying the CRV of die originator. After receiving the '•Request Service** 
message, die CTSU 54 sends a set*up message to die mLANU 580 over die TMC 
(DSO in a MARIO stream). The mLANU uses die CRV to access die on*board 
database in memory 5S2 and determine die number of DSOs to allocate die call. 
Qnoe die number of channels has been determined, die mLANU identifies die DSO 
and DSl for die call The mLANU dien sends a **Make Cross Connect** message to 
die CTSU 54 over die TMC identifying die DSO and DSl and dieir association widi 
dieCRV. In reqf)Mse die CTSU 54 sends a '•Req.Bandwiddi** message t^ 
CXMU 56 over die backplane 591 to aUocate die bandwiddi in die transport 

Preferably, die DAT methodology and system provides that 
each subscriber is rqiresented in the database as having subscr&ed to a ceitain level 
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of bandwidth per data cotmectio&. For example, a subscriber may sip up for 5 12K 
of bandwidth. Upon call setup or connectioo, the DAT mediodology thus assigns 
eads user the number of channels required to achieve the subscriber's bandwidth. 
However, in certain eases, the txanq)ort system SOO may not have the necessary 
bandwidth to allocate to a subscriber their normal subscripted bandwiddt Under 
these circumstances, the subscriber is allocated a lesser amount of bandwidth, for 
example 64K of bandwiddt By dynamically adjusting the amount of bandwidth 
assigned at call setup for each call, the mLANU can maintain a mtnimum level of 
bandwidth for each subscriber. However, existing constraints prevent small 
decremental bandwidth re*allocati<ms. Qmstiaists existing within the system SOO as 
described above wiU enforce the halving of bandwidth of some sidiscribers to 
accommodate actional subscribers, rather than by means of a more evenly 
distributed loading. As shown in Figure 107, as ^number of subscribers increase 
(on the horizontal axis) any given user's allocated bandwiddi wiQ halve at a certain 
userdensity. Tlieqxead around ifae average indicates that some users will 
necessarify lose half their existing baiidwidth earlier under loading than ^ 
The constraining ftctor in inventing a more equitable burden is the window nature 
ofthe present HISU 68 RF tuning. As noted above, dbeHISU tunes to one of 24 
IOC channels qiread tisroug^ut tttf 6MHz cable channd and hu 
payload dumnels id)Ove and five pay load channels below die selected IOC 
frequency. It cannot borrow payload channels outside diis window of ten channels, 
so d)ete£m ttieare is no way for the '^th** user to borrow just rae channel each 
from seven other users. It can only sit on top of one of the existing IOC payload 
windows and takeover half of ^window bandwidth. At that point, 23 users would 
be granted 512kbs bandwidth and two users would each get 2S6kbsban^ The 
**26^^ user would result in 22 users with 5 1 2kb$ and four users with 25acbs, and so 
on. Tbis general pattern is repeated at a load of72 users and 120 users. (There is a 
discontinuity in the pattetn from 4S to 72 users due to the previously unused two of 
ten DSD's per window being pressed into two DSO 128 ki)ps service.) Tbegr^>hof 



ISO 

Figure 109 illustrates the distribution of bsndwidtfa to users as the numba of users 
incieases. Iits also contemplated that a subscriber codd have differem 
standaid data rites depending on the tixne of day or dq^ of week, Cff based on system 
loading, such that a user can recdve even inore bandwidth than their standi 
under certain system loading conditions, audi as if ibe system is loaded below a 
predetermined threshold at the time die subscriber sedcs a connection. 

Also, using the ninth bit signaling, die aaLANU can '^steal'* 
bandwidth from other (e.g. high G^iadty) users. This is done by removing the Data 
Dial Tcme from a subscriber using die niiA bit signaling. This quiesces the user's 
lim^ aUowing, the number of channds fisr that user can be reassigned to iiicrea^ 
bandwiddi allocated to die user. This technique is also be used to decrease die 
number of channels assigned to a user. 

In order to establish die tranqmt, die CXMU 56 trains die 
niodems (as described above widi respect to system 10) and associates the available 
tones wtdi DSOs. Once the training is con^dete, the CXMU 56 setids a *Tass" 
nsessage to the CrSU 54, which in tuni informs die mLAhnj over die TMC d^ 
call is complete with die ^'CaU Complete** message. In response, die mLANU 580 
configures die HDLC controllers 586 and die TS A 588 on the mLANU or anodier 
LANUdirou^commtmicadons over the backplane LAN. At this point the pipe is 
established but data is not yet enabled. 

In order to acmally begin data transmission two additional steps 
have to occur across die nindi bit signaling of the DSOs. At the point where die 
modems are trained die HISU 68 or MISU 66 inter&ce logic (608,6 1 3) will be 
enabled to transmit data. Once the transmit is enabled, the interface logic will begin 
transmitdng die DSO ordering number in die nindi bit of each DSO. Atd»eLANU 
580, the processor 58 1 will monitor the ninth bit signaling to determine when all 
DSOs have established dieir order. Once aU DSOs have established order, die LANU 
580 will send die ""Data Dial Tone** pattern on die nindx bit of the first DSO in die 
multi-channel call. When die ISU 100 receives die **Data Dial Tone** data 
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commumcatiolis are enabled and data transmissioa begins. 

A sessicm is tennioaled at the customer exKi when IK) data is 
available for tnosmissiofi by geoeratiog an "Xhi Hook"* message. The call 
processing sequence for an "Xte Hook** message is shown in Figure 110. Wbenthe 
CDM tenmnates die connection, an *t}n Hook** message is sent over die IOC to the 
CXMUS6. The CXMU 56 is response sends an *X>nHo^** message, idendfying 
dseCRV,todieCTSU54. The CTSU 54 dien tends a "Tear Down** message to die 
mLANU 584 over die TMC At die mLANU 580. die connection is deleted fiom 
die connection database and dienrdeased. Ifdie connection is not on the mLANU, 
die mLANU will send a^'Release Cbannd" message to the target LANU 580 and 
also wiU send a ''RdeaseC^oss Connect** tnessage to die CTSU 54. TheCTSU54 
will release the cnm coniiects used for die connection and then send a **Release 
Bandwiddi** message to die CXMU 56. At die CXMU 56 die mqsptng between 
tones and DSOs is lost and die connection is lost When the connection is lost, the 
CDM wiU lose die 'l>au Dial Tone** in die nindi bit ri^^ of die 

call 

Hie LANU 580 can also be configured to being connections 
to customer-end equipmeot This allows fc^ notification ofinoominge^Mail and 
personal Web pages widiout tying iq) idle bandwiddL To do diis, the master LANU 
in each system will maintain a mapping between the MAC address for each data 
element in the system and cross diat with die CRV. Then an Ediemet packet is put 
on die head^ LAN 591, and a LANU 580 wiU read its MAC addxess and 
determine whether die connection is tq) to the device. Iftbe connection is iq>, the 
packet will be forwarded over die HFC transport Ifdie connection is not in place, 
die receiving LANU 580 will generate a connection request to die mLANU. The 
mLANU will dien signal the transport system over the TMC to bring up a 
connection to diat device using the IOC. The receiving LANU 580 will dien send 
die data once die connection has been established 
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The LANU sofhvaie 620 is teQK>QStbte fi>r tfie ^ 
fiincdoQoftbedmcoiiceiittidonoft^ AsiinpUfied 
scbefzittic diagxiro of fbe LANU sofhKm Tbeioftware 
620oftfaeLANUcon5t5tsofthreeiujwcoinpoii^ bridging (2t,HDLC LAN 
manager 622, tad dati IDT 623. AU three tasln will opeiate as qspticatioos on top 
of the embedded contmUer operating system ^'pSOS** ken^ 
The pSOS kernel will provide die base for muhlHasking operation of the 
software 620. 

Tlie most in4)ortam task to the actual tranqmt of data wi^ 
the bridging tadc. The bridging task has several funcdMS. First, the task will be 
resprasible for providing die virtual switch between the MAIUO and Ed^^ 
interfiles. The task wiU be inqileineated as in "interrupt on receive" task diat will 
execute at interrupt level. At etdierinterftce, an intemqit is issued when an entire 
firame has been recdved and stored in buffer memory (Figure 103, 582). Dutingtbe 
intenrupt service routine, die packet wiH be handed off by inodiiy^ 
buffer descriptor after kx>king xxp die routing in die bridging table (stored in memory 
S82). F(h: upstream tndBc(HDLC to EdKmet), die source of die first packet will be 
read to discover its MAC address. This address win be added to die bridging table 
and written to die Ediemet CAM S89 for filtering. 

A sec(»id function of die bridging task is the creation and 
maintenance of die bridging table. The bridging table will match the MAC address 
ofdieCDMSSSwidi die MARIO DSOs so dial data can be moved between die 
EdianetandHDLC. During call processing, die DSOs diat are allocated to die call 
wiU be identified by die mLANU 580 diiough backplane LAN (591) Messaging and 
instaUed in die Mdging table. As described above, when die first fiames begin to 
flow from die CDM, die source MAC address wiU be identified and die table entry 
for die CDM will be complete. At diis point data will flow in bodi directions. Once 
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the MAC address has been discovered, the bridging table emry will remain intact 
until die connection is terminated by die CDM 

A third fuDctiott of the bridging task is maintenance of an 
SNMP agent SNMP traffic wiU be handled and processed fiom tbe EtbenM poa 
The agent wilt siipport a standard MB«n information database fix tran^^ 
bridging. In addition, objectt wiU be added to the MIB dttt are ^edfic to the data 
architecture to fiKtiitate CKfISE*SNMP integration and difiBerent billiag options. 

HnaUy» the bridging function may support link*layer 
enoyption/deciyption rathe bridged data. EacryptiOQ/Decfyption may be software 
only or hardware assisted depending iqxMi die desired performance of the system. In 
etdier case, diis function will execute as an qspUcation on top of pSOS . 

Anodier component of the LANU software 620 is the HDT 
LAN manager 622. The HDT 12 LAN 591 is used to communicate system 
messages between die elements ofdieHDT 12. During pre-provisiomng, the SCNU 
58 will communicate system parameters sudi as CRV, IDT ID, and number of 
channels accessible by the CDM to die mLANU 580. These parameters will be 
used in the coostnjcdon of die call provisioning table resident on the mLANU . 
During call provisioning, the mLANU will rxamiiir the provisioning table for 
available DSOs and use die HDT LAN 59 1 to set MAIUO configurations on odier 
LANUs580. 

Another important function of the HDT LAN manager software 
622 is sappoti for field software xxpgrndes. During download, the LANU 580 will 
take die image fiom the HDT IAN and store it in on4)oard FLASH nieniory* Aside 
from die SCNU 58,dieLANU will be die only board in die HDT 11 diat will load 
its image from its own FLASH on power up. As such, suppoit for image download 
from die SCNU 58 EdiernetpoitwiU need to be added to die SCNU software. A 
final funcdon of die LAN manager software 622 is to provide die netwot 
management access to die SNMP environment of die LANU. 

The final nuyortaskof die LANU software 620 is die data IDT 
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623. As described above, the system 10 of the present invention is designed to 
{m>vide access from POTS tot CO switch. As such, the burden of resource 
allocation aid assignmem of OSOterinmates It the switch. Sincetbedati 
architecture of the system 10 terminates at the bead^ead there is no such centralized 
resource in the architecture to provide the services of die switch. In order to provide 
the services required to terminate the data "calls* a single LANU SSO functions as 
thedauIDT. 

The function of the data Q)T to pcovide a ni^e point of 
reference for die data resources of teHDT 12. During pceixoviaoQing of the 
LAhn; hardware a LANU 5S0 wiU be designated the 'Master* LAN^ 
and assigned an IDT identifier. The mLANUSSO will then take on the fimction of 
the switch fot data calls by maintarnmg a table that mi^ CRVs to service level (# of 
channels), h addition, the mLANU wiU inaintain a mi^ of aU available DSO^ 
LANUs (including die mLANUstselOinstatted at die HD Acopy ofdiecall 
provisioning table wiU be kept in on-board FLASH so it can s 

In order to maintain compatiMlity with standard telqAoty 
traflSCt die means of coihmimication between the CTSU 54 and mLANU will be a 
TMC connection over one oftbeDSOs within a MARIO. During call provisioning, 
the CTSU 54 sends a setup message over the TMC and the mLANU will respond 
with a *Make Cross Connect" message that identifies the DSO, DS 1 , and CRV for 
the connection. As discussed previously, the mLANU will also configure fbt 
LANU 580 for die connection through communications over die HOT 12 LAN 591. 
llierefore die data IDT software 623 wiU emulate die switch though ite 
communicatiosis with die CTSU 54 over die TMC using Q.93 1 compatible 
messaging. 

On all LANUs in die HDT 12, wbedier master ornot, die data 
IDT software 623 will be responsible for configuring the TS A and communicating 
widi die bridging task. In configuring die TSA, die data IDT will monitcn- die 
sequence numbers in the ninth bit signaling and aiqiropriately configure the 
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inttrooonect sotbittbe onter within t multichinoci call is maimaincd loaddidoo, 
thedaiaD)Tsoftwire 623 will communicate the state of the conoectm 
bridging task to open up die data pipe. 

Another iinpoctam function of tbe data IDT aoftw^ 
provide Ae information needed to provide billing and ote accounting functions. 
As an n>T like function the data IDT «dU also support 
CDM SoftWOT 

Software provided in a CDM S3S (executing on the local 
processor 60S or 6 14 and represented by such elements) will provide the same types 
offiiQCtions. Iliein^or function ofdie CDM software is to provide die 
bridgo^ottter(brt>uter)functicmalityatthecustoma«^^ Ins^yportingtfaetoouter 
fimction the CDM software s^iporis IP routingtPPP, and S^^^ AspartoflP 
suppoit the CDM suppcfftsTFTP for downloading new code images. TbeCDM 
also si^ports a somdard SNMP agent wtdi a foil MIB*n information base. 
Preferably, the software executes on ettber the 68302 (605) or 68360 (614) 
processor 

The control of the modem portion is with the standard MISU or 
HISU software running on a Motorola 68HCU. Tliis code supports all the alarm 
conditions and conmiunicfiioQS set out above for IOC communications. The 
inter&ce between the RF modem and tbt brouter is preferably a hardware only 
implementatioiL 

NcWftrifManagfimcnt 

Network management of the data architecture of system 500 is 
piefeiably provided by both CMISE and SNMP. The CMISE portion of network 
management will be iespop«hle for thu tTmgprwt fn^Kiif|f on fnr tufiil^ RMMP 

will be used for data network oriented management Inthtsenvironment^SNMPis 
an overlqr to tibe CMISE environment 

As with all telephony services, the data architecture will depend 
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upon CKfiSE for network mamigenient of call provisioning and otber transport 
related functions. In addition, CMISE will be responsible (ot accounting on data 
connectiras. This approach provides for a very flexible billing system 
services can be billed per connection time, bytes passed, or packets passed 
Statistics will be collected in the mLANU and reported to the network manager. 

SNMP management is used to provide data services 
management for die dau architecture. In dus way the data architecture will 
resemble a standard data netwcKk. Wthtn SNMP management, the LAKUS80 and 
(n)MwiUniainSain SNMP agents oon^iiam with the MIB*nsu^ Inorderto 
support an SNMP agent bod) the lANU and the C3>M wiU need to su{^ 
and IP protocols in addsticm to die SNMP protocol In order to provide a single 
point of management for data and telephony, bodi CMISE and SNMP art preferably 
int^rated into the same element manager. lUs level ofintegtation will simplify 
billiiig by providing several options such as bill by connection time, bytes passed 
and packet passed. 

Asymmetrical Data Dftlivetv 

For many casual residendal users, data traffic can be 
chancterized as mosdy "bursty" Cmtetmittem), downstream traffic widi relatively, 
small i^stitam needs. The oiost cost efifecdve means ofdelivering services such as 
Web browstng,.file downloads, and CD-ROM pieview is a^mmetrical transport 
Tlie asymmetrical daUtxanq)ort embodiment of die invention includes a customer 
premise unit ot Permial Cable Data Modem that contains a 30 Mbps, QAM 
downstream demodulator (PCDMOO) 620a, as shown in Figure 1 12. PCDM-30 
also includes an OFDM upstream modulator supporting a mmimnm of ^ Kbps 
guaranteed, non-shared bandwidth. The connection to the customer-end equipment 
is lOBaseTEUiemet that si^ports standard TCP/IP. 

At the head end 32, an ASMU 622a supports multiple users on 
a single 30 Mbps channel wiijch occtq>ies 6 MHz of ^^ectrum outside of the 
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chuoels of d)e teiepbooy tnnsport system 10. In addition to the downscreim 
modulitor, the ASMU 622a concentrates the return channels by inter&dng with the 
HDT12. Upstream trafiScu carried over as a single DSO and tntegntted with th^ 
downstream tranqx)ft on the ASMU 622a. The connection from the ASMU to the 
head-end services is 10BaseT,bm higher capad^ industry standard connections are 
also possible. 

TlK ASMU 622a sits at the head ead 32, Utt not in the HDT 1 2. 
The fimction of ^ ASMU 622a is to int^rate the i^stitam path fa^ 11^ 
DSOs (Configurable from 64 Kbps to 5 1 2 Kbps) and a 30 Mbps shared downstream. 
Each LANU SSO wiU generate an 12 Mbps HDLC stream that contains the 64 
Ethernet packets from aU the users that are attadied to LANU thrott^ the tnuu^ 
system. On the ASMU 622a, up to four of these, are aggregated, and sent out to the 
head services over lOBaseT Ethernet In the downstream direction, tfie data on the 
1 OOBaseT is filtered on the ASMU, and diose packed destined for tfie custraier end 
products are accepted and then modulated mto ttie 30 Mbps shared mediunt 

In wier to roister a modem, the customernend modem sends 
out an IP packet to identify itsdf. This causes the LANU 580 to assign an HDLC 
address tttft is miqpped to the MAC address of device. Ibis mformation is passed to 
the ASMU 622a so that HDLC address can be used by the modulator over the 
HDT 12 backplane LAN S9L IteHDLC address and frequency for die mner is 
also sent to die customer^^nd over the downstream telq>bony padi and registered at 
diecttstixneread. Hus address is then used by die customer-end equipment to filter 
die 30 Mbps downstream diannel. 

One advantage of the asymmetrical system is that a relatively 
large numboof casual users (300^) can be sq^rted by a single multinnegabit 
downstream transport, with an optimal amount of upstream cqiacity. The 
iix^lementation of the downstream matches the downstream of odier cable data 
modems in use azid additionaUy provides superior, high capacity upstreazn. Since 
casual users place lesser demands on die network (peak utilizatioo is lower dian th^ 
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of business), vsers can be concentrated on the return channel* thus lowering head* 
end 32 costs. 

The upstream channel in asymmetrical an>Iications is stiU 
important due to the nature of the acknoviledge protocol of TCP/IP, where blocks of 
dau sent in the downstream must wait on an acknowledge message from Ae 
receiver before subsequent data blocks are sent If upstream diannel is too 
sniaiU the downstream dtiumel will stall reducing the utili^^ 
bandwiddL By guarantedng a minimum of 64Kbps to cadi user, the asymmetrical 
system can deliver greater fean 1 Mbps sustained to cadi uacTt matching die oyacity 
of most residential computer equipment Another advantage is the siqmor security 
ofOFDM in the upstream. Unlike other shared upstream modem products curremly 
available, ibt asymmetrical system herein descxfted prevents infoimation, such as 
bank accounts and credit card numbers exdianged during on*line Internet shewing, 
from being *seen' by otber modems on the network. 

Summary of Data Dclivefv System Advantiiyes 

Thus, tbt symmetrical embodiment of system 500 provides 
inany options for tfiedeUveryofdata services over HFC distribution network 11 to 
the residence or business. IbeDMSM 550 provides from 64 Kbps to S 12 Kbps 
access to head^^ resources over a lOBaseT conDecti<Hi or RSZ32 (64 Kbps 
service). The service is sycunetrical (same data rate upstream and downstream), 
non-shared azid dedicated to each user, providing a guaranteed level of service. As 
an add-in card to the HISU, the DMSM S50 provides con^)lete transport integratioo 
with tdq)faony, stqiplying high-speed data and two POTS lines to die residence. 

The PCDM 540 im>vsdes die same data transport cq)abilities as 
the DMSM 550 b a standalone configuratioa, packaged in a traditiooai modem 
housing. This implementation is ideal for premises or installations where telephony 
is not deployed. 

The DMCU 560 is an MISU channel unit that provides hi^ier 
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dau rttes dun eitber the DMSM or PCDM-S I2IC The DMCU 560 router manages 
four subscribers who sbare \xptotA92 Mbps of symmetrica} bandwidth. The router 
implementation guarantees that all four subscribers on tbe DMCU 560 have private 
connections. Tbe DMCU 560 vmks well for multiple dwelling installations for 
Internet access and small business connections wfaeit ^rnuDetrical, non-shared data 
access is required 

At the bead end, the LANU 5S0 provides tbe concentration of 
upxo 100 DSOs in flexibie combinations ofvarious data tates» from 641 Kbpsto512 
Kbps for residential, and up to 8.192 Mbps for bunness applications on a single, 
industry stsndard lOBaseT connection. An HDT 12 can be configured with up to 
seven LANUs, concentrating tQ) tp 700 DSOs, In addition to the industry standard 
transp&nntt bridging function, tbe LA>nJ also pcovido 
dynamic, adi^ve allocation of bandwidth capacity to optimi» transpoct during 
times of heavy loading. This capability enables an HFC service provider using 
system 10 to mix residential and business data services in a single 6 Mfazdianne 
without cooqpromising the quality of service for busioess connections during peak 
Internet access times. Dynamic-aUocationaQowsdie customer units to efBdently 
utilize die data tiassspon dropping coimections at tiines of no tndSBc a^ 
establishing them when data is ready to aetid. Each time a connection is established 
the LANU 580 will allocate bandwiddi of t^ to a maximum of 5 12 Kbps, depending 
upon the networic load, with a minimum of 64 Kbps. FinaQy, the LANU collects 
detailed traffic statistics that can be used for a variety of billing methods, for 
instance bill by connect time. 

System 500 is panicuiariy effective in meeting ttie special 
needs and hi^ber expectations of business applications. Businesses tend to require a 
higher level of vpsbtetm signaling in order to siqspoit ai^licalions sudi as 
telecommuting and videoconferencing. Most cable data modem network 
architectures can provide only limited iqjstzeam capacity, but ADC is able to, offer a 
very high capadty t^stream due to the efficiency of OFDM and frequency agility. 
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Cuanntecd bandwidth is of equal importaDce to upsnnm 
capabilities. Businesses must have full access to their pipeline at ail times, 
regardless of odier traffic on the netwotiL With system SOO, once a premium uses's 
bandwidth has been established, it cannot be diminishfid, regardless of die number 
of users who subsequently access the network. 

The security of the data being transpcxted is also a rmyor 
concets to businesses. Security «tibetranq)ort layer (encryptkm and secure key 
exchange) and at Ibe network Iqrer (filtering) is provided by curiem tranqxm 
technologies. System SOO also provides additional security at tfie physical layer, 
made possible by utiliziiig fiequeocy scrimbUog within the OFDM ttmsport 

Hie symmetrical product line is iii^ suited ftx "power" Internet 
users who use their PCs not only for casual Web browsing bm for remote LAN 

fi^f^ t^li><^ftmmtitif|g^ wial^fng aiiHiA, mt%A pftMihly teliseftnf«engtng While 

these users are demandtngt they are firequently eariy adopters of technology who 

wiU push Ae liiiiits of Internet access and Internet ^TpUcatio^ 

symmetrical^ nonshared, guaranteed quali^ of service of the symmetrical products a 

requiremenL 

For bodi residence and business users, tibe qmimetrical 
embodimetttofsystem 500 provides for superi<^ integration widitek^iboQy. By 
utilizing OFDM tnn^rt in both Ae upstream and downstream, die symmetrical 
system can cany data in die same 6 Mhz channel as telephony traffic. This 
cifiaUlity is ideal for smaller installations and eariy deployment i^riiere efficient use 
of spectrum is important In addition, OFDM provides a very secure data delivery 
stem by implementing a point4o<nultipoint bridge for data where two customer 
premises units never share die same digital data stream. 

The delivery of data over ^stem SCO requires the efficient 
allocation of available bandwiddi and network mmnQmmt of system resources. 

System SOO provides a completely scalable data architecture by 
dynamically allocating bandwidth for data traffic through its utilizitioQ of a subset 
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of sttfidani 71U03A^5 caU processing softwm This system c^)tbtUty gives HFC 
service providers the flexibility to tailor the coofiguntioQ of faead<od resources to 
satisfy the diverse needs of their subscriber base. Subscriber services can be 
provisioiied at the bead end as symaetricd fixed, symoieirkai v^ 
asynunetrical services. As die subscriber ink chaqges or subscribers upgrade 
service, bead<^ resources can be xe»pfOvisioned to meet d»e new requii^ 
For exanipie, users can be easily reconfigured to upgrade fiom 64 
512 Kbps or even fiomasynuaetxical to symmetrical For capacity {rianning, data 
bandwkitfa is aOocated as a number of DSte 10 potential users wi^ 
siq>p(Htingi9to720DSOs. The number ofusers supported is then a fimction of 
service level (nimtber of DSOS) Bad concentration ratio (number of users per DSO). 

To ensure that service providers have aneflfoctive tool to 
manage their cable data networks, system 500 oflBn an integral 
network management solution. Data management is based on industry standard 
SNMP agents and MIBs (mazuigement infmnation bases), wfaidi are tiien ccmibined 
into an integntted data/telephony network manageinent environment Integration of 
data deUvery and telephony into a single network managerneot system htt 
advantages: 

(1) Symmetrical data, asymmetrical data, and tele{^ny elements can be 
managed by ^ same element manager. 

(2) Less siqjport staff is required. 

(3) Better integration widi billing. 

(4) Better fimhisolatioa 

(5) Lower Mean Tunc To Repair (MTITl). 

Thus, system 500 provides a single, integrated system that can 
meet die diverse needs of potential subscribers, fiom casual Internet br owse rs to 
high-capacity business users. Use integrated soluticm gives HFC service imviders a 
single point of network management that results in reduced sappoct costs, reduced 
staffing costs, and sh(»tened time to tum-up new services. Finally, tfie OFDM 
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techootogy of system 500 provides dsu, video «ad telephony services in a 
bandwidth^efficicDt system that reduces the demands on a very valuable commodity 
for HFC service providers spectium. 

ATM Embodiment 

The system 500 of the present inventiM can also be configured 
to carry daufiom an Asynchronous Tranqmt Mode (ATM) network. Assbownin 
Figures 1 14 and 115, system 10 or 500 of the present im^endon is modified lo 
inchide an ATM muftiplexerAaodulator 650 wiucfa can receive ATM data from an 
ATM network 652 and inodulate it onto die HFC networL In one preferred 
embodiment, d^ital video data is delivered over ATM network 652 . multiplexed 
and modulated using muttiplexerAQodulator 650 onto die HFC network in RF digital 
OFDM format on assigned data and/or telepboqy channels between the bead end 
and a subscriber, as for exanq^te described above widi respect to system 10 or 50^^ 
A digital set top box 654 receives the digital video, formatted for example in 4.0 
Mbps MPEG or equivalent, and converts it to video fc»^ display on a television 656. 
A return padi to HDT 12 ova a tdephony or data cfaaonel allows for interacdve 
digital video. A video server 65S and ATM switch 660, feeding dbe ATM 
multiplexer/modulator 650, is shown in Figure 1 IS. 

EmbodiTDCTt of control aspects of teiwommunifigtions system 

In one embodiment, communication system 10 of Figure I indudes channel 
manager 900 of Figure 59 to control various aspects of d^ dynamic allocation of 
channels to ISUs 100. For example, dunnel manager 900 assigns each ISU 100 to a 
subbaod, allocates channels in the subband to an ISU to complete a communication 
link, and monitors the channel to detect and avoid use of contqned channels* 
Osannel manager 900 inq>lements furAer fimctions as described below to 
coordinate the use ofthe channels in a 6 MHz traiistnisnoncharmel to ISUs 100. 
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Chazmel maoiger 900 may comprise software executed by a processor 
resident in each CXMUS6 of each HDT 12. Channel manager 900 receives events 
from board support software 902. IOC and modem craimunicaton 904, ISU ranger 
906, and admintftrator 90g> Channel manager 900 also sends messages to IOC and 
modem commontcatm 904 for aUocatioQ or it«Uocttkm of channels. Channel 
manager 900 ttses two types of channels to communicate control data to the ISUs. 
First, channel manager 900 broadcasts control data over the IOC channels to the 
ISUs. The control data on the IOC cfaanneU contattts an identificatioo si 
indicates ths ISU to receive the control data. Further, duumd manager 900 uses an 
ISU denuuid link channel, referred to as an dxanneU for non-tii^^ 
tran^oit of data betwten head end 32 and an ISU when the data is of a size fiiat 
would benefit fimi a transmissi<« channel with mm baodwidth tiia^ 
Typically, the data rate for the IOC channel is 16 Kbps and ttie data rate for the IDL 
channd is 64 Kbps due to the amoum of data contained in each package or fi^ 
TypicaUy, control signab contain four data bytes or less per fir^^ The 
IDL duumd is used to tnnsmst data padcages that are larger than tfais^ Forexaaq>ie, 
the IDL diannel is used to dowdoad software to an ISU, provision a cfaanM 
transnut future channel unit functions, CM^txansmh protocols In one embodiment, 
HDTI2onlyiiq>tementsoneIDLatatime. The IDL channel is described in more 
detail bebw. 

Subhand Aa«gnmgftf ami rhMingl Anftearinn 

Channel inanager 900 is re^Kmsible for assigning an ISU to a subband and 
for alk)catingp8yioadchanneb for communications links to the ISU^ Appn>|»iate 
adectionof subband and payload cfaasnel improve ^ performance of 
communication system 10. Channel manager 900 further monitors the cfaaxmeis and 
reassigns subbands and reallocates channels as necessary to >r?*i"^*" acceptable 
communications links between bead end 32 and ISUs 100. 
Sttbbanda«igTiTncnt 

Channel manager 900 selects a subband for an ISU in several circumstances: 
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during aequishioiu when an HISU is assigned to i subbaad that has insufficient 
payioadcbanneb to meet a itquest, and during an HISU IOC timeout evt^ An 
IOC timeout event occurs when acknowtedgments aie not received by channel 
manager 900 from an ISU within a q^ediSedtinie period. Witfiatimeout^itis 
assumed that die downstream ccHnmunications to the ISU are sdll in tact even 
though the upstream communicatiras have become corrupted due to noise or 
coilisicms. Thus, a message on die IOC to retune to anew subband is assumed to 
reach the ISU de^ite the lack of an acknowledgment 

In each case in which an ISU is assigned to a subband, channel manager 900 
uses various criteria to select die subband for an ISU. Figure 62 is a flow chart diat 
illustiates one embodiment of a mediod for assigning an ISU to a subband> 
According to this method, channd manager 900 first selects a sitbband. Channel 
inanager 900 dien detennines whether addtdoQ of die ISU to die su^^ 
provide an acceptable load cm the IOC channel. For example, diannel manager 
con^^erstfaenumberoflSUsasagnedtoasuUiand. Furdier, charmel manager 
consitteri die type of ISU and die likely load diat die ISU wiU plM 
channel. By considering diesefiictors, channel inanager 900 can selectively 
distribute die load on the IOC channels so as to fiicilitate timely commmicarion of 
control data to and from die ISU. This also allows channel manager 900 u> evenly 
distribute die ISUs over the available subbands such that a like number of ISUs 
occupy each subband Channel manager 900 also weighs the number of available 
channels within die subband and their transmission quality as recorded in the tables 
ofchaand manager 900. Channels with longer low-error rate histcmes will be used 
first Channel s previously marked bad and reallocated for monitwing will be used 
hist Based on tiiese criteria, channel manager selects a subband for each ISU. 

Figures 63* 64 and 65 are frequency spectrum diagrams that illustraite initial 
assignment of HISUs and MISUs to various subbands in a 6 MHz transmission 
channel. These Figures show diat channel manager 900 attempts to evenly 
distribute die ISUs across the transmission channel As depicted in Figure 63, 
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channel manager 900 begins assigning subbaods at tbe middle of tbe 6 KfHz 
tnnsmissicm channel. Channel manager 900 d)en moves out to>vird tbe ends of liie 
transmtsnon channel For exan^le, tbe first HISU is assigned to subband number 
12 and the twenty^fouithHISU is assigned to subhandO. It is noted that more than 
one ISU can be assigned to a subband. As dq)icted in Figure 64» channel manager 
900imtiaily assigns the first MISU to subbaods 0 through 12 and tbe next MISU to 
subbands 11 through 23. As depicted in Figure 6S, wben HISUs and MISUs are 
assigned to tbe same subbands, channel manager assigns tbe subbands so as to 
evenly distribute tbe ISUs over tbe available subbands« It is iK>ted that tbe factors 
listed for use in selecting a subband art shown by way of example and not by way 
oflimitation. Other fiictors can be added and the weight given to each &ctor can be 
adjusted without departing fiom the spirit and scope of tbe present invention. 

Channel allocation 

Figure 60 is a flow chart that illustrates one embodiment for a me&od for 
allocating payioad channels in a subband by channel manager 900« Channel 
manager 900 attempts to maintain an acceptable distribution of bandwidth within a 
subband to reduce the need fat reallocation of payload chazmeis within the subband 
Fux^, tbe goal is to allocate channels appropriately across die 6 MHz transmission 
channd to avoid having to reaUocatediannels that are currently in use. Achannel 
can be allocated to an ISUonly bom die available dumnels in dse subband to which 
the ISU is assigned 

Channel manager 900 receives a request for allocation of a payload channel 
fiom either the SCNU5S or CTSU 54. At block 912, channel manager 900 decides 
whether sufiSdentpi^ioad channels are available in tbecunent suUnnd to fiilfill the 
request Ifsuffident channels are available, die mediodimceeds to block 914 a^ 
determines wfaeAer one oftfae available channels is die IDL channel. IfdielDL 
channd is not one of die available dianneh, channel inanager 900 allocates a 
channel for eadi channel requested CTSU 54 or SCha; 58 at blocks 916 a^ 
Channel inanager 900 selects die channeb based on sevetil criteria diat incr^ 
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likelihood of ftdiieving a connection with acceptable quality Icveb. For example, 
channel oiafttger 900 can use &einetix>dsboiim in Figm According to this 
method, channel manager 900 begins the selection process bjr identifying available 
payload channete that are located tovmxd die center of die 6 MHz tFut^^ 
channel. Typically, channels that are nearer to the edge oftfae 6 MHz diannel 
exUUt higher bit ennor rates flian the channels^ ait closer to die center. Further, 
diannel manager 900 can also consider liffiitations of die ISU and Aie i«q^^ 
service in selecting a pay load dianneL For exao^le, die ISU may be preset for use 
only with odd or even payioad channels. This infonnation may be included in a 
ROM on die ISU and provided to the channel manager when channel allocation is 
requested or during acquisstioa Fuither, channel manager 900 uses data on the 
quality of transmissions over die identified dianneb stored in tables in channel 
manager 900 to determine which available payload channels have an acceptable 
error histc^, e.g., bit mot rate. Other ^)propriate criteria can be used in channel 
selection diat also tend to increase the chnnm of producing a c<mnectioQ with 
accqptable quality. Based on these criteria, channel manager selects a payload 
channel to allocate to die ISU. 

It at block 914, diannel manager 900 determines diat one of the available 
channels is the IDL channel, channel manager 900 deallocates the payload channel 
aUocated to be die IDL channel at Mocks 920 and 922 due to die lower pri^ty of 
communications over the IDL channel 

It at blodc 912, channel manager 900 detennines that sufBdent payload 
channeb ait not available in the cunent subband, channel numaga 900 dete 
wbedierdierequestisforanHISU68oranMISU66atblock924. If die request is 
for an MISU 66, channel manager 900 sends a messi^ to die requestor that die 
request has fiuled at blodc 926. 

It at blodc 924, channel manager detennines diat die request is for an HISUt 
dien channd manager 900 selects a differem subband at block 928 by we^ 
criteria as described above widireq)ect to selecting a sidiband. Channel manager 



197 

900 furtber mairks tfie channels unavailable in the new subband at Mock 930 and 
deallocates channels allocated to tbelSU in Ae prior subband at bi At 
block 934, channel manager 900 assigns the new subband and proceeds to allocate 
channels as necessary at blocks 916 and 9It. 

An example of reassigning an ISU to a new subband to accommodate a 
request for apayload channel is shown in Figures 66 and 67. In tfiis example, ISUs 
A, C, and D are initially assigned to subband 4 and tSUs E, Ft and C are assigned 
to subband 1 7 as depicted in Figure 66. In subband 4, all payload cbanneto except 
payload channel 0 are allocate! In this case, channel manager 900 receives a 
request for two payload channels for ISU C Since only one payload channel is 
available, channel manager 900 reasngns ISU C to subband 17 which has sufficient 
payload channels available to handle the current load of ISU C plus the additional 
two payload channek as shown in Figure 67. 
Channel rcallocatjon 

Channel monitoring and allocation or reallocation based ttoeon may be used 
to avoid ingress. External variables can adversely affect the quality of a given 
channel Tbese variables are niimerous, and can raxsge from electromagnetic 
interference to a |Ay»cal break in an optical fiber. A physical break in an optical 
fiber severs the communication link and cannot be avoided by switching channels, 
however, a channd which is electrically interfered with can be avoided until the 
interference is gone. After the interference is gone the channel could be used again. 

Qiannel monitor 900 monitors the payload channels for enrors to help in 
detensiixung which channels are acceptable for tiansmission for specific services. 
One ir^ to chanad manager 900 is parity errors which are available from 
haniware per the DSO^ channeb; the DSO^ channeh being 10-bit cham^ 
of the Ints having a parity or data integrity bit insetted in the channel as previously 
discussed The parity error iiifonnation on a particular channd is used as rmw dat^ 
which is san^led and integrated over time to arrive at a quality status for tiut 
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chamid. In oAmbodimem, parity mors &at art dete^ 

channels are CMununscated to bead end 32 over an associited upstream channel. 

When the error is detected m the dowBsiream ttesmissi 

iq»trtam transnsisstoe b cornqKed Iqr intentiooiiiy setting tfie parity bit to the 

wrong value to indicate the incorrect parity in the downstream transmission path. 

Thus, the ISU infonns the bead end of errors in tiie downstream path. 

To nxmitor the payload channels, channd manager 900 needs an active 
iq)Siream signal on each payioadchannd. However, at any given time, some 
payload channels may not be allocated and some allocated channels may not be 
active. Tlius,d>ese payload channeb do not provide the necessary upstream signals 
to the bead end to monitor the qualiy of the payload channels. To compensate for 
these idle and unallocated payload channels, dbanod manager 900 places these 
channels in lo^ back inode to inonitor die quality. In dus case, channel manager 
900 sets 19 the payload channel, transotitt data to die ISU 00 die payload channel 
and the ISU transmits back specified data on an associated lystream payload 
channel Channel manager 900 monitors these channels at the head end to 
determine error rates for die channels. Thus, die unallocated or idle payload channel 
can be mraitored for errors die same as with active charmels. The goal of channel 
manager 900 is to have payload established on all of the payload channels at a given 
time. However, it may be acceptiibte to monitor the pedbrmaoce of each channel at 
least once an hour if not active. 

Channel manager 900 raod(Hnly selects azkd uses ISUs to monitor payload 
channeb in loq4)ack mode described above. This provides several benefits to die 
sysum. First, this allows channel manager to handle the diverse layout of a cable 
plant Chanod manager 900 sets %9 and uses paths over difierent legs from die 
various ODNs of the system. Furdier, random cycling of die ISUs used in die loop 
back mode allows the system to properiy distribute power in the coaxial networic 
Specifically, diis random selection of ISUs for loopback mode npplxes to 
concentration type services. 
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As described below, some ISUs are powered down when iK>t ICQ When 
the ISU is powered down, the upstream modem at the head e^ 
condition and sends a q)ecified signal to d»e CXMC so diat channel manager does 
not use the ISU for loop back putposes. Tbus, powered down ISUs do not produce 
unnecessary errors. 

Figure 68 is a flow dufft that illustrates a method for monitoring payload 
channels by channel manager 900. CSuumel manager 900 reads parity error registers 
of the CXMU 56 are read every 10 millisecrads. Ocnerdly» the enor counts are 
used to update the channel quaUty database and determine which (if any) channels 
require reallocation. The database of channel manager 900 contains an ongoing 
record of eadi diannel. An accumulator sums die errors with previously reccmled 
errors to update the database. The database organizes the history oftbe channels in 
categories such as: current ISU assigned to the channel* start of monitoring, end of 
monitoring^ total error, errors in last dqr, in last week, number of seconds since last 
error, severe enois in last day, in last week, and current service type, such as ISDN , 
assigned to ttie channel. When die channel is a r^ular (non-lo(^ back) payload 
channel, channel manager 900 determines whether the perf(»mance statistics in the 
database are within service specific threshold. When die statistics tmacceptably 
exceed the threshold, channel manager 900 reallocates the channel using a "make 
before break" procedure to reduce the disruption &om reallocating the channel. 
Thus, channel manager 900 allocates the new payload channel for the cormection 
before rimnocatlng die current payload channel 

Two issues presented by periodic parity monitoring as described above must 
be addressed in order to estimate the bit error rate corresponding to die observed 
count of parity errors in a monitoring period to determine if a channel is corr\q>ted. 
The first is the nature of parity itself. Accepted ^acticef<ff data formats using block 
error detection assumes that an errored block represents one bit of error, even 
though the error actually represents a large number of data Uts. Due to die nature of 
die data tran^rt system, errors injected imu) modulated data are eiqiected to 
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nodomize the datL This means that the avenige emred frinse wiU ^ 
(4) errored data bits (excluding the ninth bit). Since parity detects only odd bit 
errors, half of all errored frames are not detected by parity. Therefore, each parity 
(frame) error induced by transport interference represents an average of S (data) bits 
of error. Second, each monitoring parity error represents SO frames of data (10 
m$/12S \isy SisKC the parity error is latched, all errors will be de t ected, but multiple 
errors will be detected as one erroi. 

The bit error rate (BER) used as a basis for determining when to reallocate a 
channel has been chosen as 10"^ Therefore, the acceptable number of parity errors 
in a one second interval that do not exceed 10*' must be determined. Toessablish 
the acceptiA>le parity errors, the probaUe number of frame enors represented by 
each observed (monitored) parity error must be predicted. Given die number of 
monitored parity errors, ^ j^bable number of frame errors per monitored parity 
enort and the number of bit errors represented by a frame (parity) error, a probable 
bit etrc^ rate can be derived. 

A statistical technique is used and the following assumptions are made : 

1. Errors have a Poisson distribution, and 

2. If fte number of monitored parity errors is small (< 10) with 
respect to the total number of "samples" (100), monitored 
parity error rate (MPER) reflects the mean frame error rate 
(FER). 

Since a monitored parity error (MPE) represents 80 frames, assunq>tion 2 implies 
that the number of frame errors (FEs) "behind" eadi parity error is equal to SO 
MPER. That is, for 100 parity samples at 10 nis per sample, the mean number of 
frame errors per parity error is equal to 0. 8 times the count of MPEs in one second. 
For example, if 3 MPEs are observed in a one secoiKl period, ^ mean number of 
FEs for each MPE is 2.4. Multiplying the desired bit error rate times the sample 
size and dividing by the bit errors per frame error yields the equivalent number of 
frame errors in the sample. Hie number of FEs is also equal to the product of the 
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number ofMPEs and the number of FEs per MPE. Given the desixcd BER, t 
solution setfor the following equation can be determined 



The Poisson distribution* as follows, is used to coaqnite the pcobidnlity of a given 
number of FEs represented by a MPE (xX aad assun^don 2,i^ove, is used to arrive 
at the mean numba of FEs per MPE Oi)* 

x! 

Since the desired bit extor rate is a maximum, die Poisson equation is applied 
successively with values for j of 0 up to tfie maximum number. The sum of these 
probabilities is die probability that no more than % fiame errors occurred for each 
monitored parity error. 

Theresdtsforabitenorrateof lO^andbttenmsperfiimeerxor and 8 
are shown in Table 11. 
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Using this technique, a value of 4 monitored parity errora detected during a 
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one second tnltgntioa was detemuned as the thrtsbold to reallocate service of an 
ISU to ft new channel This restiit is arrived at by ftssuming a worst case of 8 bit 
errors per fisme enoTt but ft probability of only 39% diatte bit error nte is better 
than 10*'. The product oftbe bit errors per ft«me,niomtt>red parity errors an^ 
maximum frame errors per monitored parity error must be 64, for ft bit enor rate of 
10*^ (64 errors in 64k bits). Therefcm, wfaentfaesaaiplingofthepari^erroRintbe 
errortimer event is four or greater, the channel allocator is notified of ft coinipted 
channel. 
DSQ reordering 

Some teiecommunicfttions services use muh^le DSOs (psyload channels) to 
form ft commurticfttion link in communication system 10. For example, ISDN uses 
diree DSOs to form three payloftdchftnnek identified namely ftsBl»B2,ftndD. To 
operate property, the DSOs typscftUyftirftssigned in ft specific sequence. Oncedse 
psyload channels for the service ftxt ftssigned, the chftnnel unit associated with the 
service e^qx^ to receive die p^loftdchanneb in ft q>ccific order. Wbenoneoftbe 
payload chftmieb becomes comqxed, channel manager 900 allocates ft different DSO 
channel for die comqHed channel and &e sequeooe of die DSOs is altered. 

This problem could be ftvoided by lealiocating ftU three DSOs. Howevtr, this 
is ft tin^ consuming {socess ftnd codd cftuse transient disrt^on of the servd As 
an ftltemative, channel manager 900 can assign an address to d^ DSOs vAen die 
multiple DSO service is initiftted. This address can be used by die channel unit to 
reconstruct the order of the DSOs cxi die fly if one or more of the DSOs is rcftUocated 
out ofsequencewidi die other DSOs. For exanq>le, in die channel enable signal 
from OCMU 56 on die IOC channel, ft BIC state signal can be used to idend^ 
correct order for eadi DSO. Thus, channel manager 900 can ftUocate die DSOs in 
any order and die channel imit can rem^) die DSOs to the cmect order at die ISU. It 
is noted diat die DSOs must sdU be ftUocated in different time slots. 
ISU Datt Link (TDU Channd 

The IDL is ft standard pftyload channel diat is dynamically •f^igiifKt to 
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trnsmit control datt between HDT 12 100 when tbe amount of dati 

exceeds tbeparameten of the lower bandwidth IOC channel. The IDL channel can 
provide full di^lex communication or simplex broadcast from HDT 1 2 to one or 
more ISUs 100. Qiannel manager 900 djmanucally allocates ttie IDL channel as 
needed for non-time critica] transport of data as described above. 

The IDL messages in both directions are variaUe in length. The IDL data is 
transmitted over HFC distribution netwotk 11 at a rate of 64 Kbps which is one byte 
pertkHzfiame. Tlie IDL channel uses one of Ae 240 payioad channels and die 
protocol for transmitting IDL messages is handled by the processor on CXMU 56. 
The processor uses cyclical redundancy codes (CRQ and pontive acknowledgments 
to manage error checking of IDL messages. 

The IDL channel can be used to transmit various kinds of data. For example, 
the IDL channel can be used to provide data to an ISU to crafigute a payload 
channel f(^ use with a q)ecific protocol Forexanq>le»^IDLchanMlcanbeused 
to down toad data to configure a payload channel f^ use with the LAPS protocol or 
any o^ api»opriate |m>tocol, including proprietary protocols. Similariy, the IDL 
channel can be used to download software to an ISU. 

Transmission over the IDL channel has a lower priority than regular payload 
transmissions. Thus, channel manager 900 deallocates an IDL channel before 
completion of the data tiansmission when channel manager 900 receives a request 
that requires use of the payload channel that is cunentiy allocated to the IDL. 

Figure 69 is a flow chart that illustrates an embodiment of a mediod for 
allocating a payload diannel to the ISU data linL At biodc 330a, channel manager 
900 receives a request f<^ an IDL channel. At block 332a, channel manager 900 
determines whether a payload channel is available. Ifapa^oad channel is 
available, channel nianager 900 aUocates the p^oad chaxmel to tfie IDL cfaan^ 
and the data is transmitted to tiie identified ISU. If; however, a diannel is not 
available, channel manager detennines whether one of the allocated channels is idle 
by checking the hocric state of a line of a channel tmit Iftbe line is on hook, then 
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chaimel ottnifer 900 reallocates tbc cba^ 

trBnsmission.ts coo^lete. Ifhowem.cbauid manager receives a request for a 
communication link to tfie line of die duuuiel unit, channel manager intetn9>ts d)e 
IDL channel and reallocates the payload channel to die channel unit 
PpygrPown 

Channel manager 900 can power down an ISU during periods of nonmse to 
reduce energy costs ofcommunication system 10. To power down die ISU, channel 
manager 900 must determine thai all conditions for powering down the ISU art met 
For exan^>le, channd manager 900 can determine if ttie lines of die chaimel ^ 
the ISU provide service dial can he powered down. Such services may include, for 
example, analog services sudi as POTS and COIN. Furdier, die lines must be idle. 
For example, dumnel manager 900 can detennine if a line is idle based on the 
hook stams<»^ other ^)fffopciate criteria. Channel manager 900 diecks die status of 
the lines each time a line goes fitimofMio<dc to oa*hoo Channel manager 900 
further checks die status ofdie lines every second to monitor the bode Itis 
noted, however, diat channel manager 900 will not power down an ISU that is the 
monitoring ISU for a sfd)band 

When channel manager 900 determines that an ISU can be powered down, 
the ISU's transmitter 15 disabled. Head end 32 detects die loss ofpower to the ISU 
and sends an idle pattern upstream to the switch. An IOC control message to of 
from the IOC will powermp die ISU. The IOC trafBc to « from die ISU indicates 
to die background task in charge of powering down ISUs to check the ISU against 
the criteria for powering down again. 

It is understood that die above description is intended to be illustrative, and 
not restrictive. Many other embodiments will be qyparent to diose of skill in die art 
\spon reviewing die above description. The scope of die invention should, dierefore, 
be determined widi reference to the tppeaded claims, along widi die full scope of 
equivalents to which sudi claims are endded. 
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' Farther Embodimgnt of Tdcphony Transport 5y«m 

With reference to Figure 116* a general descriptkm oft hybrid 
fiber/cotx communications network 1006 in accordance with tbe pceaeat invention 
shall be described. Telqpbony and video iiiforinationfiomex]stiiigtelq)boneaxu^ 
video services generdly shown by trunk line 1008 is received by and processed by 
headend 1010. Headend 1010 indudes a plundity of host distribution terininab 
(HDT) 1012 for tetq>hony data interfim and video host dtsoibutionterrrund 
(VHDT) 1014 for video data inierfiice* Host distribution tenntnals 1012 and VHDT 
1014 include transmitters and receivers for communicating the video ai^ telephony 
information between Ifae video and telephony signal distribution netwmk 1 006 in 
acccmlance wi A die present invention and the existing telephony and video services 
as represented generally by trunk line 1008. 

The video information is optically transmitted downstream via 
optical fiber line 1017 to splitter 1018 which splits ^ optical video signals for 
transmission on a plurality of optical fibers 1022 to a plurdity of optical distributioQ 
notol026. Tbe HDT 1012 transmits optical tdeiAM>nysignab via optical fi 
link 1020 to the optical distribution nodes 1026. The optical distribution codes 
1026 convert the optical video signals and telq[dx>ny signals for transmission as 
electrical ou^Kits via a coaxial distribution system 1007 to a plurality of remote 
units 1042. The electrical downstream video and telephony signals are distributed 
via a plurality of coaxial lines 1 029 and coaxial taps 1 034 of tbe coaxial distribution 
system 1007. 

Tbe remote units 1042 include means for transmitting upstream 
electrical data signals including telephony information fiom telqshones 1076 and 
datatenninals 1073 arid in addition may iiidudeiiMm for trarisrnitting set top box 
information frm set top boxes 1078. Tbe i^stream electrical data signab are 
provided by a plurality of remote units 1 042 to an optical distribution node 1 026 
connected thereto. Tbe optical distnlnition node 1026 converts the ii9)St^ 
electrical data signals to an upstream optical data signal for transmission via optical 
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fiber link 1020 to the bead end lOIO. 

Tbe present inventioD sbaU iK)w be described in fuitbtf 
with reference to Figures U6-I23. The first pert of the descriptiaQshillpriffiarily 
deal with downstream transmission and the second pait of die description shall 
primarily be wift regard to iq)streamtransmissi(m. Ibe video and telephony 
distribution networic 1006 in accordance widi the pftsent invention, includes head 
end 1010 v^ch receives video and tel^iony infocmatiott from video and telephony 
service providers via trunk line lOOS. Headend 1010 indodes a plundity of host 
distribution tenninah 1012 and a video host distribution terminal 1014. TheHDT 
1012 includes a traasmitw and receivers for communicating telepbcmy 
inf<»matioa, such as Tl , ISDN, or tether data services infoimation, to and from 
telephony service providers via trunk line 1008 and the VHDT lOUincludesa 
transmitters and receivers for communicating video information, such as cable TV 
video infonnatira and interactive data of subscribers to and from video service 
providers via trunk line 1008. 

The VHDT 1014 transmits downstream optical signals to a 
splitter 1018 via video feeder optical fiber line 1017. Ibe passive optical splitter 
1018 effectively makes four copies of die downstream high bandwidth optical video 
signals. The duplicated downstream optical video signals are distributed to the 
corre^ndingly connected optical distribution nodes 1026. One skilled in^ art 
wiU readily recognize ^ although four copies of the downstream video signal 
created, that any number of copies may be made by an qypropciate spU^ 
the present invention is not limited to any spedfic number. 

The flitter 101 8 is a passive means for q)litting broad band 
optical signals without the need to eaq>loy e3q>ensive broad band optical to electrical 
conversion hardware. Optical signal splitters are ccmmioniy known to one skilled in 
the art and available fmn numerous fiber optic component manufiKturers such as 
Gould,Inc. In the alternative, active 9litte» may also be utilized. Inaddition,a 
cascaded dbain of passive or active flitters would fafha multiply the number of 
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dupikated opdcai signals for applicsttoQ to an addido&al number of optical 
distribution nodes and tbcftfore increase further tbe remote units serviceable by a 
single head end. Such altetnatives are conteinplaled in accordance wi^dK^^esent 
invention as described by the Kcompanytng claims. 

The VHDT 1014 can be located in a central office, cable TV 
head end, or a remote site and broadcast iq» to about 112 channels. The 
VHDT 1014 includes a transmission system like that of a LiteAK^^ qrstem 
8vaihd>le from American Lightwave Systems, Inc*, cuxreatiy a subsidiary of the 
assignee hereof. Video signals are transmitted opdcatly by amplitude modulation 
of a 1300 nanometer laser source at tbe same freqpien^ at vrfiich dae 
received (ix. the optical transmission is a terahertz opdcai carrier vliich is 
modulated with die RF video signals). The downstream video transmission 
bandwidth IS about 54*725 MHz. One advantage in using tiie same frequency for 
optical transmisacm of the video signal as the frequency of the video signals when 
received is to provide high band width transmission with reduced conversion 
expense. This same-frequency transmission approach mear» that the niodulati 
downstream requires opdcai to electrical conversion or proportional conversion witfa 
a photodiode and perhaps amplification, but no fitqueocy conversi<m. In addition, 
tiiere is no sample data bandwidth reduction and littie loss of resolution. 

Alternative embodiments of die VHDT may eQq)ioy other 
modulation and mixing schemes or techniques to shift tbe video signals in 
frequency, and odier encoding methods to transmit die infonnaticm in a coded 
format Such techniques and schemes for transmitting analog video data, in addition 
to those transmitting digital video data., are known to one skilled in the art and are 
con t emplated in accordance with the spirit and scope of die ptts/eaat invention as 
described in the accon^ianying claims. 

Teiei^ny information is transmitted downstream by HDT 
1012 via optical fiber link 1020 to a corresponding optical distribution node 1026. 
A more detailed block diagram ofoneoftfaeHDTs 1012 is shown taligure 117. 
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Eadi HDT i012 includes en RF modem bank 1050 which receives teiephony 
informadofi vis tntnk line 1008. llie RF modem btnk 1050 includes four RF 
modem modules 1052 and a protectioQ modem module 1054. EichRF modem 
module receives teiepbony infocmatioa, for example time division multiplexed 
channel signals from a puWc switched ide^ione servioe, via tn^ 
the telephmy infontnation modulates an analog carrier for transmissioQ of tfie 
downstream optical teiepbony data by downstream optical telepboiqr transmitter 
1080 of downstream telephcM^ electrical to optical coQvcner 1064 to t 
corre^ndingdistzibutkm node 1026. Each RF modem moAtle iachides a 
transceiver 1 053 and provides a downstream electrical telq)boiiy signal in one of 
four frequency bandwidtfas, each bandwidth being about 6 MHz in widdi like that 
of a CATV channel Eadi 6 MHz bandwiddi channel transmits data at 22 Mbits/sec 
and can provide for transmission of 8T] digital teiqAone signals; Tl being a 
conventional telephone signal where 24 voice channels are sam|ded at an S kHz rate, 
with 8 Uts per saiqrfe(eadi 8 Ut conversation sanq>le is tenned a DSO). Eachof 
tfsese signals from the four RF modem modules 1052 are transnutted via coax pa^ 
cables to a comUner 82 of downstream telephony electrical to toxical convener 
1064 for transmission by optical transmitter 1080. Tbeztfere,tfae^)ectrumfortfae 
downstream optical telefdsony data is four separated 6 MHz frequency bands 
containing 22 Mbtts/sec of data within each 6 MHz bandwidth. Thefour6MHz 
frequency bazKis, sqmted by a guard band as is known to one skilled in the art are 
transmitted in about the 725-800 MHz bandwiddi. 

Any number of modulation techniques may be used for 
transmission oftfae telephony information downstream. Tlie transmissicm 
downstream is point to multipoint transmission using broadcast type transmission 
schemes. The modulation techniques utilized and performed by RF modem module 
1052 may include quadrature phase shift keying (QPSKX quadrature amplitude 
moduhuion (QAM), or other modulation techniques for providing the desired data 
rate. Modulaticm techniques, such as QPSK and QAM, are known to those ddUiled 
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tfl the art and tbe present invention contemplates the use of any such modulation 
techniques for downstream broadcast transmission. 

Tbe electrical to optical converter 1064 includes two 
transmitters lOSO for downstream telephony tnnsmissira to protect the telephony 
dau transmitted. These transmitters are conventional and relatively inexpensive 
narrow band laser transmitters. One transmitter is in standby if tbe other is 
fiinctioning properly. Upon detection of a £uilt in tfie operating transmitter^ 
controller 1060 switches transmission to the standby tiansmioer. In contrast, the 
transmitter of tbe VHDT 1014 b relativdy expensive as c omp ar ed to the 
transmitters of HDT 1012 as it is a broad band analog DFBiaaer transmitter. 
Therefore* protection of dse video tnfonaation, nonessential services unlike 
telephony data» is left unprotected. By q»istting dae tdepboi^r data transmission 
fom tbe video data ttansmisnon, protection for the telqpbray data alone can be 
adsieved. If Ae video data infotmation and tihe tdqtoy data were transmitted 
over ope optical fiber line by an expend ve broad band analog Iaaer« economies may 
dictate that protection f^telefdimy services may not be possible. Therefore, 
separation of such transmission is of inqxxtanoe. 

As an alternative embodiment for providing transmission of 
opticd video and tdej^Kmyagnah to the optical distribution no(fes 1027 from bead 
end 1010 as shown in Figure 120, the HDT 1012 and VHDT 1014 can utilize tbe 
saoie optical transmitter and the same optical fiber line 1016. The signal then is 
sidit by splitur 1 0 1 S and four split signals are provided to the t^cal distribution 
nodes 1027 for distribution to the remote units 1042 by die coaxial distribution 
system 1007 as further discussed below. However, as described above, tkt optical 
transmitter utilized would be relatively expensive due to its broad band cipabilities, 
lessening tbe probabilities of being able to afford protection for essential telephony 
services. 

As one skilled in the art will recognize, optical link 1020, as 
shown in Figure 117,may include four fibers, two for transmission downstream 
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born electrical to optica] convener 1 064 and two for tzansmissios iQ^stream to 
optical to electrical convener 1066. Ulth the use of directioaal coif^iers, me 
number of such fiben may be cut in half. In addition, the number of protection 
transmitters and fiben utilized may vary as known to one skilled in the an and any 
listed number is not limiting to the present invention as described in the 
accon^Mnying claims. 

RJF modem bank 1050 includes a protection RF modem module 
1054 wift a transceiver 1053 connected to combiner 10S2 of electrical to optical 
converter 1064. Protection RFnK>dem module 1054 is coupled to controller 
1060. When a fiutk is detected with regard to the trassmissioQ of one of the RF 
modem modules 1 052, a signal is generated and applied to an iiqxtt 1 062 of 
controller 1060* ContioUer 1060 is alerted to the fimhaixl provides qipropriate 
signaling to swttdi Jbc protection RF modem module 1 054 fc^ tiie fiuiited RF 
modem such that the pcotecticmRF modem module 1054 transmits within the 6 
MHz bandwiddi of ^ faulted RF modem ixK>dttle 1052 so tiiat the fb^ 
bandwidth sigsdtransmisnon is continued on optical fiber Imk 1020. Tlieuseof 
MiepfoteetioaRF modem module 1054 for fi)urRFQiodemiaodules 1052 isonly 
one oibodiment of the present invention and the number of protection RF modem 
modules relative to RF modem modules may vaiy as known to cme skilled in Ae an 
and described in the acoonvenyingdaims. As shown in Figure 123» RF modem 
bank 1050 may indude one i»otection module 1054 for each RF modem module 
1052. Intftts emhodtmrnt, fee RF modem bank 1050 includes three RF modem 
modules 1052 and three protection modules 1054fc^ooe4o-ooeprotecti(m. 

An optical distribution node 1026 as shown in Figure 118 
receives both the downstream optical telephony signal and the ^lit downstream 
optical video signal The downstream optical video signal is applied by fee optical 
fiber 1 022 fiom splitter 1018 to a downstream video receiver 1 120 of optical 
distribution node 1026. The optical distribution node 1 026 further includes 
downstream telei^iony receiver 1 121 for receiving fee downstream optical telq>hony 
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signil OB optical link 1020. The optictJ video receiver 1 120 «tili«d is like that 
available in the UteAMp^ product line available &om American Lightwave 
Sy$teins,Ioc TTjc converted signal frwn video lecdver 1120, proportionally 
converted titilizing pbotodiodes. is applied to btidger aniplifier 1 127 along wid^ 
converted tde^ioiqr signal from downstream vOefboey receiver U2K The 
bridging amplifier 1 127 simuhaneousty lilies four downstream electxkal 
telephony and video signals to diplexfilten 1134. Die diplexfiUen 1134 aUow for 
M diq>lex operaticm by separating the transmit and ceodve fuiictions signals 
of differem frequency bandwiddis are utilized for t^strtam and dowiistr^ 
trassnission. Tliere is no frequency conversion performed at the optical distribution 
nodes with respect to the video or downstream telepbooy signab as the signals axe 
passed through the optical distribution nodes to die remote tttths via die coaxial 
distribution system in tiie same frequency bandwiddi as tiiey are received. 

After tiK optical distribution node 1025 has recdved 
downstream optical video signals via qjtical link 1022 and downstream <^cal 
telepbooy signals via optical link 1020 and such signals are converted to 
downstream electrical video and telephony signals, the four ouqjuts of die optical 
distribution nodes 1026 are ^tplied to four coaxial cables 1029 of coaxial cable 
distribution system 1007 for transmission of tbe downstream electrical video and 
telephcHiy signals to the remote units 1042; sudi transmission occurs in about the 
725-800 MHz bandwi^ for telq)hony signals and about die 54-725 MHz 
bandwidtii for tfie downstream dectrieal video ngnals. Each <^cal distribution 
node 1026 provides for die transmission over a pltmliQr of coaxial cables 1029 and 
any number of outputs is cMitemplated in accwdaaee with die present invention as 

(kscribed in the aeconqMnying claims. 

As shown in Figure 1 16, each coaxial cable 1029 can provide a 

significant number of remote units with downstream dectrical video and tdephorqr 
signals timwg^ a pluFBli^ of coaxial tqis 1034. Coaxial taps are ccnnmooly known 
to one skilled in the art and act as passive ^directional pidC'OfEi of electrical 
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signals. Each coaxiai cable 1029 inayhsvctoumba of coaxi^ 

series. Id addition, the coaxial cable distribution system 11^ 

amplifiers to extend the distance data can be sent over die coaxial portions of tbe 

network 1006. 

Tbe downstream electrical video and tde|4ioiqr sign^ 
provided from the coaxial taps to tbe remote tmits 1042 sn a number of diflfereat 
ways* In one embodiment, the signal from coaxial tap 1034 is provided to a 
home integrated service unit 1070 as shown in Figure 119. Tlie home integrated 
service unit 1 070 of Figure 119 includes a power tap 1099 coq>Ied to a coo ventional 
power siqyply and ring generator 1101. The downstream electrical video and 
telephony signals are provided to a t^> 1097 for application ofOe signals to bodi 
diplexfilter 11 10 and ingress filter 1098. The downstream video signal is provided 
from ingress fiber t09S to video equipment 1072 via set top box 1078. Tbe 
downstream tdcf^iony ngnal is q>plied from li^exfiher 1110 to RF demodulator 
1 104 of RF modem module 1 102 aixl tf)e demodulated signal is applied to an 
appUcable service interftce for processii^ and connection to user equipoieot For 
example, ibc RF demodulated signal is processed via Plain 01dTelc{^x»ie Service 
(POTS) sernceinterfiice 11 12 for output 00 twisted pairs 11 18 to tele^oe 1076 by 
POTScoaoectioolll4. The other service inter&ces such as ISDN tnter£Ke or a Tl 
interfEice perform their convoiticmal functions as are known to those stalled in tiie 
art for transmittal of such information on outputs dsereof to user equipmeoL 

Ingress filter 1 098 provides Oe remote unit 1042 with 
fmtectionagaixmiitterferei^of signahappUed to the video equiptnezit 1072 as 
opposed to tibose provided to other user equipmem such as telephones Of computer 
ter min a l s. Filter 1098 passes the video signals; however, it blocks those frequencies 
not utilized^ the video equipment By blocking those frequencies not used fay die 
video equipment, stray signals are eliminated that miy interfere with the other 
services provided by tfie nctwodc to at least the same remote unit 

The set top box 1078 is an <^onal element in the network 
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1006. It may tti&lude aa additionaJ modem for sending interactive data therefrom 
back to bead end 1010 at frequencies unused by die video and telephony 
transmissions. Upstream transmission ofsuch data is further discussed beiow. 

Depending on the modulation processing techniques utilized at 
the head end 1010, die RF demodulator 1104 would indude circuitry c^^ of 
demodulating the modulated signal. For example, tfQPSK modulation is utilised 
then die demodulator would include processing circuitry oqiabie of demodulating a 
QPSK modulated wavefcmn as is known to one skilled in the ait 

b another embodiment of providing downstream electrical 
video and telephony signals from Ae coaxial taps 1034 to remote units 1042, as 
shown in Figure 1 16, a separate coaxial line fonn coaxid tap lOM is utilized 
provide transxiissionofthe signals therefrom to set top box 1078, and thus for 
pnmdiiig the downstream video signab to video equqimem unit Insucba 
case, a second coaxial line from coaxial tap 1034 would be utilized to pt^ 
downstream telephony signals to amultiple integrated service unit (MISU) 1044 
^ch would be mudb like the home integrated service unit 1 070 as described widi 
regard to Figure 1 19 excqyt lacking an ingress filter 1098 and tap 1097. Unlike 
home integrated service unit 1070, die MISU 1044 would be utilized to service 
several remote units 1042 widi telephony services via various service interfaces. 
Whether the video and telephony signals are provided to the curb with use of the 
MISU 1044 or lA^iether the video and telephony signah art provided direct 
home integrated service unit is strictly one of application and either can be utilized 
widi regard to the same or different coaxial taps 1034 and within the same 
different coaxial distribution systems 1007. 

In addition, an optional network interfiice device (NID) 1075 is 
utilized in the connection of telephone services to tiie rcowtc units 1042, whctto 
they are homes or businesses, as is known to those skilled in the arc and as shown in 
Figure 116. The NID is generally shown by block 1070 representing the home 
integrated service unit but is not shown in the detail of Figure 119. TbeNID 
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perfonns service fuocdoos for the telepbooe service provider such as looping back 
signals to ti)e service provider that reach the NID so as to indicate whether a fiulure 
has occurred somewhere in transtnission to the NID or in connections from the NID 
to the user equipment when a &ilure is reported to the service provider. 

The above description primarily involves the downstream 
transmission of video and teie^^xmy information from head end 1010 to remote 
units 1042* The upsatam transmission of interactive data from aet top boxes 1078 
and otiber data, for exarnpie telephony frMBtel^booes 1076, risall now be described 
widi reference to Figures 116-123. Tlie descriptk» shaQ be Itmhed to transniission 
from remote units via heme integrated service units as transmission frxm m 
is substantially similar and easily ascmainahle from such dcscripticwx. Home 
integrated service imit 1074 provides set top box information from set top box 1078 
and telqsbony informaticm from the service interfiices 1112, including information 
fromtelqriione 1076, to tfiec^cal distribution mode 1026 ccmnected thereto by tbe 
same coaxial pa& as for the downstream communication. The set top box signals 
are transmitted by a sqMaate RF modem of the video service provider at a relatively 
low frequency in the bandwidth of about 5 to 40 MHz which is unused by tdq^ 
and video services. The td^bony signals are also transmitted tqpstream in the 5-40 
MHz bandwidth, usuaUy from 10 MHz to 30 MHz. This S-40 MHz bandwidth is 
reused in each coaxial paA 1 029 from each remote unit 1 042 to the respectively 
connected qrtical distribution node 1026. As such, upstream electrical telephony 
data signals frixn the remote units art transmitted at ^ same reused frequency 
bandwiddi of 5-40 MHz on each coaxial line 1029 for input to the optical 
distribution node 1026. Therefore, as shown in Figure 118, four tq)5tream electrical 
telq^ny signals, each in the 5-40 MHz bandwidth, are input to optical distribution 
node 1026, via the re^ectively connected coaxial cables 1029. 

Tlie upstream transmission frxxn an integrated service unit for 
multipoint to point transmission utilizes time multiplexing techniques, although any 
of a number of multiple access techniques known to those skilled in the art are 
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fflntfrnplityj m ^gcofdanoe with the present invgarioiL All the remote units are 
designated ttifse slot fiM'trusmissioo. In such a case each remote unit must 
transmit at a particular time to maintain multiple access with timing being 
supplied using data on the downstream paths. The upstream data is transmitted on a 
bit*by-bft basis. With each remote unit assigned a time slot, die RF modem 1 102 of 
the unit knows that it will not interfere with the others because it has determined the 
time delay for each one of them and each RF modem 1102 is signaled to transmit at 
a precise time. Due to the high volumes of multiplexed serial data from several 
outlining remote stations and Umited bandwidth for transmission, short pulse 
durations are required for better resolution of the data transmitted to the head end 
1010. Although the dau modulates a carrier and is transmitted in the 5 to 40 MHz 
bandwidth by RF modulator U 08 , because of the limited bandwidth in the upstream 
direction, a pulse shaping network at each retnote unit is used to generate raised 
cosine pulses for tbc rectangular or square wave bit«by •bit stream of data transmitted 
along the coaxial cable in the coaxial netwcnk. 

An optimal pulse shape for transtnission in a baiid limited 
coaxial cable network is deienmned by the use of Fourier calculation 
set of boundary ccmditions. Abo, tiie Fourier calculations implement a spoanl 
limitation constraint for the purposes of limiting the spccxal content of the optimal 
pulse di^>e. Umiting the spectral content of the pulse sh^)e serves two 
The first function is to limit tiie spectral dtaxacteristics of the optimal pulse shape in 
order to prevent iriiase di^iersion at the reedving end of the tnusa^^ 
The second benefit from the spectral Uinitation constnunt is to aUow t^ 
relatively simple finite ioqsulse response filters with a minimal number of taps. 

In one embodiment of die pulse shaping netwt^ as shown in 
Figure 121, 50 nanosecond pulses from the RF modulator 1108 of RF modem 1102 
are tra n smi tt ed to a pulse sequencer 1301 for uniform digitizatioa The output from 
the pulse sequencer is ften appUed to a ten tai^ finite impulse respo^ 
filter) 1302 wttii associated electronics 1303 to provide tise addition and subtraction 
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necessaiy for the filtering process. The oinput is sent tot line driver circuit for 
output to tbe coaxial cabk through dipiex filter 1110. Tlie optimal pulse wavefonn 
is a raised cosine wavefonn. Using sudi pulse shaping techniques, overcotnes tbe 
difficulty of sending extremely short pulse duration information al<mg a band 
limited coaxial cable. 

The iq>stream electrical telephony signals fiom a plurality of 
remote tmits, including signals fiom tbe RF modems 1102 and from modems in set 
top boxes 1078, are transmitted to tbe respectivtly connected optical distribution 
node 1026 as ^lown in Figure US via tbe individual coaxial ca^ Tbe 
iq>stream electrical signals are applied to a dq^lex filter 1 1 34 respectively connected 
to a coaxial cable 1029. One of tfiedi|tofiltm 1134 passes the i^stream electrical 
tclqibony signal i^)plied tbereto tfarou^ to combiner 1 12S iwhile tte other dipiex 
filters pass tbe upstream electrical teiqsboiq^ fignals apffied tber^ 
shifters U2S,1130» and 1132. Frequency shifter 112Ssfaifb the i^stream electrical 
tdeph^ signal into die 5045 MHz bandwidth, fiequeapy 
anotiber upstream electrical telefdiociy Agnal into die 100>135 MHz bandwidth and 
fiequeocy defter 1132 shifb tbe other upstream dectrical tdqihony lign^ 
150-1S5 MHz bandwidth. The shifted signab are coodrioed by combiner 1125 and 
provided 10 upstream tdqriKmy and set top control transmitters 1 123. Tlie 
convendonal opticd tnmsmitters 1 123 transnut die qist^^ 
signal as an iqistream optical tdqihony ngnal to 

1020. Oiioeacain^tw^trinsmitten are availaUe for transmission, one install^ 
mode, like diat in die downstream transmission padL 

Tbe i^stream optical telepboi^ signals are received by 
t^stxeam telephony and set top box receiver 1 084 of optical to electrical converter 
block 1066* Tlieiqistream optical telq^nysignah are converted, q)lit. and aU 
spHt electrical signals in die 5-40 MHz, 5045 MHz, 100-135 MHz, and 150*1 85 
MHz are fitquency diifted back to die 5-40 MHz bandwiddi by fr^^ 
1086, 1088, and 1090 widi die exception of die signal already in die 5^ 
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bandwidtibi which is passed toough with the odier frequency shifted signals from the 
frequency shifters to RF switch 1094. A combined signal ia the 5«40 MHz 
bandwidth bom combiner 1092 is provided lo the VHDTand the signal is processed 
for obtaining dietmeractiveinfennationtnmsmitied from set tiy 1078. The 
RF switch 1094 is coniroUed by controller 1060 and provides the upstream 
telephony signals to the tnmsceivers 1053 of ttie oomqKmding RF modems 1052. 
The iq>sQ:eam telephony stgnab ait dien demodulated IqrR^ 1052 
and the tdephony data is ^vided to die service providers via trunk line 1^ The 
RF modem modules 1052 indude RF demodulator correqxMxIing to the modulation 
techniques utilized to transmit the information upstream so such infoitnation can be 
recovered. 

As discussed previously, tiie controller 1060 switches 
protection RF modem module 1054 fora transmitting RF modem module I0S2in 
the downstream commumcati(H} when a fiuih is detected in ttutt module. The 
controller also provides signaling for switching the RF switch 1094 such that die 
information which would have been provided to the fiuilted RF modem module 
1052 is applied to die transceiver of the protectim RF modem module 1054. 
Therefore, the prelection o^xlem module 1 054 is then fully within tfie transmit and 
receive loop of the system. 

As shown in Figure 122, an alternative embodiment of ibc 
present tnventi<m includes an optical to electrical converter 1066 wherein ^ 
received optical upstream teiei^y signal is convened by receivers lOMandtbe 
entile i^stitam dectrical signal in the 5*200 MHz bandwidths b 
tnnsceivers 1053 of^RF modem modules 1052. Hie RF modem modules 1052 
are then q^erated under control of controUer 1060 vi4iich assigns d^ 
module a carrier frequency to tune to for the recovery of telephony infcmnati 
assigned frequency being a fimction of the frequent shifting of the upstream signal. 
Tbe dectrical signal is stiU separated and frequenqr shifted by frequency shifters 
1086, 10S8 and 1090 except for the agnal already in the 5-40 MHz bandwiddi and 
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thcD cofflbbed by combiner 1092 for applicadoQ to VHDT 1014. 

In this embodiment, the switching of the protection modem 
module 1054 into the system is •ccomplished tfaiough the controller 1060. When 
the controller 1060 detects tnd indicates t fiuilted modem module 10S2, the 
controller 1060 assigns the frequency previously assigned to the fimlted RF XDodem 
module to the protection module, Aus ettiMishing die protection RF modem 
module 1054 fully widun the transmit and receive loop. 

In another embodiment shown in Figure 123 including one^o* 
one protection for the RF modem module, neither Oe RF switch used for protection 
switching for the configuration of Figure 123 nor die additional control required for 
protection switching for the configuration of Figure 122 is necessaiy. In this 
embodiment, the same dectrical signal provided to fl>e RF modem modules 1052 is 
appUsd to die conesponding protection module 1054, thus only a control signal 
indicating iw^ch module is to be used for transniission or recepd 
the mie«to-ooe protection. 

It is to be understood ho wever, that even diough numerous 
cfaaiacterisdcs of die piesent invention have been set fordi in die foregoing 
desccipdon, togedier with details of die stnicture and fimction of the in 
disdosure is ittustratxve and dumges in matters of shape, size, numbert and 
arrangement of the elements may be made widiin the prindples of die invendra and 
to the fiiU extern indicated by die teoad general ineaning of the tenns i^ 
aiqiending datms aie expressed 



